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SOUND SYSTEM EQUALIZATION 

TECHNICAL FIELD 

0001. The present invention relates to a method for 
automatically equalizing a Sound system. 

BACKGROUND 

0002. In the past, the normal practice has been to acous 
tically optimize dedicated systems such as motor vehicles by 
hand. Although there have been major efforts in the past to 
automate this manual process, these methods, for example 
the Cooper/Bauk method have, however, shown weaknesses 
in practice. In Small, highly reflective areas, Such as the 
interior of a car there were generally no improvements in the 
acoustics. In most cases, the results are even worse. 
0003. Up to now, major efforts were devoted to analysis 
and correaction of these inadequacies. Methods for equal 
ization of acoustic poles and nulls (=CAP method) occurring 
jointly at different listening locations are worthy of mention, 
or those intended to achieve equalization with the aid of a 
large number of sensors in the area with the assistance, for 
example of the MELMS (=Multiple Error Least Mean 
Square) algorithm. Spatial filters or Smoothing methods such 
as complex Smoothing according to John N. Mourjopoulos, 
or else centroid methods have led only to a limited extent to 
the aim of achieving good acoustics in a poor acoustic 
environment. However, the fact that it is possible to achieve 
a good acoustic result even with simple means has been 
proven by the work by professional acousticians. 
0004 Actually, there is already one method which allows 
any acoustics to be modelled in virtually any area. However, 
wave-field synthesis requires very extensive resources Such 
as computation power, memories, loudspeakers, amplifier 
channels, etc. This technique is thus not suitable at the 
moment for motor vehicle applications, for cost and feasi 
bility reasons. 

SUMMARY 

0005. It is an object of the present invention to provide an 
automated method for equalizing a sound system, e.g., in a 
passenger compartment of a motor Vehicle, which replaces 
the previously used, complex process of manual equalizing 
by means of experienced acousticians and reliably provides 
frequency responses of the level and of the phase of the 
reproduced sound signal at the predetermined seating posi 
tions in the vehicle interior which, as most accurately, match 
the profile of predetermined target functions. Said sound 
system includes at least two groups of loudspeakers Supplied 
with electrical sound signals to be converted into acoustical 
Sound signals, 
0006 The method according to the present invention for 
automatically adjusting Such sound system to a target Sound 
comprises the steps of individually supplying each group 
with the respective electrical sound signal; individually 
assessing the deviation of the acoustical Sound signal from 
the target Sound for each group of loudspeakers; and adjust 
ing at least two groups of loudspeakers to a minimum 
deviation from the target Sound by equalizing the respective 
electrical Sound signals Supplied to said groups of loud 
speakers. 
0007 Accordingly, an automatic, e.g., iterative method 
for equalizing the magnitude and phase of the transfer 
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function of all of the individual loudspeakers of a sound 
system, e.g., in a motor vehicle is disclosed which deter 
mines all of the necessary parameters for equalizing without 
any manual actions and thus, e.g., provides appropriate 
filtering in a digital signal processing system. 

0008. The advantageous effect of the invention results 
from the completely automatic matching of the transfer 
function of the sound system to a predetermined target 
function, in which case the number and frequency range of 
the loudspeakers which are used for the Sound system may 
be variable. 

0009 Further advantages may result if an automatic 
algorithm approaches the predetermined target function, by 
considering each individual loudspeaker of a pair of loud 
speakers which form a stereo pair in the Sound system 
individually, and by optimizing each individual loudspeaker 
with regard to equalizing its transfer function. 

00.10 Even further advantages can also be obtained if not 
only the equalizing of the loudspeakers in the Sound system 
is carried out by means of the automatic algorithm, but also 
the crossover filters for all of the loudspeakers in the sound 
system are modelled and implemented in a digital signal 
signal processing System. 

0011 Even further advantages can likewise result if the 
automatic algorithm optimizes the equalizing not only for 
one seat position, for example that of the driver, but allows 
all of the seat positions in a motor vehicle, and thus listener 
positions, to be included in the equalizing process with 
selectable weighting. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0012. The invention can be better understood with refer 
ence to the following drawings and description. The com 
ponents in the figures are not necessarily to scale, instead 
emphasis being placed upon illustrating the principles of the 
invention. Moreover, in the figures, like reference numerals 
designate corresponding parts. In the drawings: 

0013 FIG. 1 shows the Blauert direction-determining 
bands; 

0014 FIG. 2 shows curves of equal volume for the planar 
sound field; 

0.015 FIG. 3 shows a transfer function of a broadband 
loudspeaker and the method for automatically finding the 
crossover frequencies; 

0016 FIG. 4 shows transfer function and the level func 
tion of a woofer loudspeaker pair or of an individual 
sub-woofer of a loudspeaker, and the method for automati 
cally finding the crossover frequencies; 

0017 FIG. 5 shows transfer functions and level functions 
for the method for automatically finding the cross-over 
frequencies of a sub-woofer loudspeaker while at the same 
time using a woofer loudspeaker pair, 

0018 FIG. 6 shows magnitude frequency responses of all 
the loudspeakers and the resultant overall magnitude fre 
quency response of a Sound system including crossover 
filters after pre-equalizing has been carried out with and 
without sub-woofer loudspeakers: 
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0.019 FIG. 7 shows overall magnitude frequency 
responses of the Sound system before and after equalizing 
the overall magnitude frequency response; 
0020 FIG. 8 shows a measurement arrangement in a 
motor vehicle for determination of the binaural transfer 
functions for mono signals and stereo signals; 
0021 FIG. 9 shows the spectral weighting function for 
the measurement at different positions; 
0022 FIG. 10 shows the sound pressure levels in the 
lower frequency range at four listening positions over fre 
quency: 

0023 FIG. 11 shows the sound pressure distribution of a 
standing wave in a vehicle interior, 
0024 FIG. 12 shows phase shift of one channel at certain 
frequency related to a reference channel; 
0.025 FIG. 13 shows a three-dimensional diagram of 
phase equalization function with no phase limiting: 
0026 FIG. 14 shows an equalization phase frequency 
response for a certain position with respect to a reference 
signal in the example of FIG. 13; 
0027 FIG. 15 shows a three-dimensional diagram of 
phase equalization function with phase limiting: 
0028 FIG. 16 shows the equalization phase frequency 
response for a certain position with respect to a reference 
signal in the example of FIG. 15: 
0029 FIG. 17 shows a modelled equalizing phase fre 
quency response for a certain position with respect to the 
reference signal; 
0030 FIG. 18 shows the transfer functions of the sums of 

all speakers at different positions before phase equalization; 
0031 FIG. 19 shows the transfer functions of the sums of 

all speakers at different positions after phase equalization; 
0032 FIG. 20 shows the transfer functions of the sums of 
all speakers at different positions after phase equalization 
and phase shift limiting: 

0033 FIG. 21 shows the transfer functions of the sums of 
all speakers at different positions after phase equalization 
and phase shift limiting: 
0034 FIG.22 shows the transfer functions of the sums of 
all speakers at different positions after phase equalization; 
0035 FIG. 23 the global amplitude equalization function 
for the bass management; 
0.036 FIG. 24 shows the transfer functions of the sums of 
all speakers at different positions after phase and global 
amplitude equalization; and 
0037 FIG. 25 shows signal flow diagram of a system for 
executing a method according to the present invention. 

DETAILED DESCRIPTION 

0038. The following example describes the procedure 
and the investigations in order to create an algorithm which 
is also referred to in the following text as AutoEQ, for 
automatically adjusting, e.g., of equalizing filters in accor 
dance with the present invention. Two procedures are inves 
tigated which are disclosed in detail further below, together 
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with a sequential method and a method taking account of the 
maximum interval between a measured level profile and a 
predetermined target function. The results obtained are used 
to derive a method, which is then used for automatic 
equalizing, that is to say without any manual influence on 
the parameters involved. The major tonal sensitivities to be 
taken into account in this case which comprise psycho 
acoustic parameters of human perception of Sounds, are the 
location capability, the tonality and the staging. 

0039. In this case, the location capability, which is also 
referred to as localization, denotes the perceived location of 
a hearing event, as a result, for example from the Superim 
position of stereo signals. The tonality results from the time 
arrangement and the harmony of Sounds and the ratio of the 
background noise to the useful signal that is presented, for 
example, Stereophonic audio signals. Staging is used to refer 
to the effect of perception of the point of origin of a complex 
hearing event that is composed of individual hearing events, 
Such as that which results from an orchestra, in which case 
individual hearing events, for example instruments, always 
have their own location capability. 
0040. In principle, the location capability of phantom 
Sound Sources which are produced by Stereophonic audio 
signals depends on a plurality of parameters, the delay-time 
difference of arriving sound signals, the level difference of 
arriving Sound signals, the inter-aural level difference of an 
arriving Sound between the right and left ear (inter-aural 
intensity difference IID), the inter-aural delay time differ 
ence of an arriving Sound between the right and left ear 
(inter-aural time difference ITD), the head related transfer 
function HRTF, and on specific frequency bands in which 
levels have been raised, with the spatial directional local 
ization in terms of front, above and to the rear depending 
solely on the level of the sound in these frequency bands 
without their being any delay-time difference or level dif 
ference in the Sound signals at the same time in the latter 
CaSC. 

0041. The major parameters for spatial-acoustic percep 
tion are the inter-aural time difference ITD, the inter-aural 
intensity difference IID and the head related transfer func 
tion HRTF. The ITD results from delay-time differences 
between the right and left ear in response to a sound signal 
arriving from the side, and may assume orders of magnitude 
of up to 0.7 milliseconds. If the speed of sound is 343 m/s, 
this corresponds to a difference of about 24 centimetres in 
the path length of an acoustic signal, and thus to the 
anatomical characteristics of a human listener. In this case, 
the hearing evaluates the psycho-acoustic effect of the law of 
arrival of the first wavefront. At the same time it is evident 
for a Sound signal which arrives at the head at the side, that 
the sound pressure which is applied to the ear which is 
spatially further away is less (IID) owing to Sound attenu 
ation. 

0042. It is also known that the auricle of the human ear 
is shaped such that it represents a transfer function for 
received audio signals into the auditory system. The auricles 
thus have a characteristic frequency response and phase 
response for a given Sound signal incidence angle. This 
characteristic transfer function is convolved with the sound 
which is entering the auditory system and contributes con 
siderably to the spatial hearing capability. In addition, a 
Sound which reaches the human ear is also changed by 
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further influences. These changes are caused by the envi 
ronment of the ear, that is to say the anatomy of the body. 
0043. The sound which reaches the human ear has 
already been changed on its path to the ear not only by the 
general spatial acoustics but also by shadowing of the head 
or reflections on the shoulders or on the body. The charac 
teristic transfer function which takes account of all of these 
influences is in this case referred to as the head related 
transfer function (HRTF) and describes the frequency 
dependency of the sound transmission. HRTFs thus describe 
the physical features which the auditory system uses for 
localization and perception of acoustic sound sources. In this 
case, there is also a relationship with the horizontal and 
vertical angles of the incident Sound. 
0044) In the simplest embodiment of a stereo presenta 
tion, correlated signals are offered via two physically sepa 
rated loudspeakers, forming a so-called phantom Sound 
Source between the two loudspeakers. The expression phan 
tom sound source is used because a hearing event is per 
ceived where there are no loudspeakers as a result of the 
Superimposition and addition of two or more sound signals 
produced by different loudspeakers. When two correlated 
signals at the same level are reproduced by two loudspeakers 
in a stereo arrangement, then the Sound source (phantom 
Sound source) is located as being on the loudspeaker base, 
that is to say in the centre. This also applies in principle to 
the presentation of audio signals via Sound systems using a 
large number of loudspeakers, as are normally used nowa 
days both in domestic stereo systems and in motor vehicle 
applications. 

0045. A phantom sound source can move between the 
loudspeakers as a result of delay-time and/or level differ 
ences between the two loudspeaker signals. Level differ 
ences of between 15 and 20 dB and delay-time differences 
of between 0.7 and 1 ms, up to a maximum of 2 ms are 
required to shift the phantom Sound source to the extreme on 
one side, depending on the signal. 
0046) The asymmetric seat position (driver, front-seat 
passenger, front and rear row or rows of seats) for loud 
speaker configuration in a vehicle leads to Sounds arriving 
neither with the same phase nor with the same delay time 
with respect to the position of a single listener. This prima 
rily changes the spatial sensitivity, although the tonality and 
localization are also adversely affected. The staging propa 
gates on both sides unequally in front of the listener. 
Although delay-time correction with respect to an individual 
listener position would be possible, this is not desirable since 
this would automatically lead to matching specifically for 
one individual seat, with a disadvantageous effect on the 
remaining seats in the motor vehicle. 
0047 As already mentioned above, the spatial directional 
localization also depends on the level of the Sound in specific 
frequency bands, without there being any delay-time differ 
ence or level difference between the sound signals at the 
same time (for example a mono signal arriving from the 
front). By way of example, investigations have in this case 
shown that, for a mid-frequency of 1 kHz and above 10 kHz 
(narrowband test signal), test Subjects locate a signal that is 
offered as being behind them, while an identical sound event 
with a mid-frequency of 8 kHz is localized as being above. 
If a signal contains frequencies of around 400 Hz or 4 kHz, 
then this enhances the impression that the sound has come 
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from in front, and thus the presence of a signal. These 
different frequency ranges, which are shown in FIG. 1, are 
referred to as Blauert direction-determining bands (see Jens 
Blauert, Räumliches Hören, Spatial listening S. Hirzel 
Verlag, Stuttgart, 1974) and the knowledge of the effect of 
these various frequency bands on the spatial localization of 
a complex Sound signal can be very helpful for filtering or 
equalizing complex Sound signals in order to produce 
desired hearing sensitivities, since it is possible to determine 
in advance those frequency ranges in which, by way of 
example, filtering and equalizing associated with it will best 
achieve the greatest possible desired effect. 

0048. The influences of the various parameters, such as 
the level in different frequency ranges, the level differences 
between loudspeakers and loudspeaker groups, phase dif 
ferences between the signals on arrival at the right and left 
ear, have been investigated in the following text with respect 
to the effect on the localization capability, tonality and 
staging, in order then to use the knowledge obtained to 
derive a method for automatic equalizing of Sound systems, 
for example in motor vehicles. 

0049. During the investigations, it was found that the 
production of stable tonal properties and good location 
(localization capability) can essentially be achieved only by 
influencing the phase angle of the arriving sound signals and 
not by equalizing of the amplitudes. In this case, the match 
ing process was carried out taking into account the Blauert 
direction-determining bands mentioned above and taking 
account of individual loudspeaker groups in the Sound 
system. According to the invention, the procedure is in this 
case similar to the known procedure by acousticians for 
adjustment of an optimum hearing environment. This pro 
cedure is characterized in that groups of mutually associated 
loudspeakers are processed Successively in order to deter 
mine their contribution to a desired required frequency 
response (sequential method). 

0050. The required frequency response, which is used as 
a reference in this case and is also referred to in the 
following text as the target function of the level and phase 
profile over the frequency, is determined during hearing 
trials. In this case, a sound system with all of the individual 
loudspeakers is simulated in laboratory conditions (low 
echo room) as in the situation, for example when producing 
Sound in passenger compartments in motor vehicles. A 
significant group of trial Subjects is in this case offered 
various sound signals which comprise music of different 
styles. Such as classical, rock, pop, etc. The trial Subjects 
reproduce their subjective hearing impression (tonality, 
localization capability, presence, staging, etc.) for different 
settings of the parameters of the sound system, such as 
cut-off frequencies of the crossover filters of the loudspeak 
ers, the level profile in the various spectral ranges and thus 
loudspeaker groups (woofers, medium-tone speakers, tweet 
ers) or the phase angle of the Sound signals arriving at the 
location of the test subjects. This results in an idealized 
target function being determined which is used as a refer 
ence for the equalizing of Sound systems in motor vehicles, 
and which is intended to be achieved as exactly as possible 
by these sound systems in actual environmental conditions. 
In this case, it should be noted that complex Sound systems 
now allow hearing environments to be created which have 
desired individual features and which thus, for example, can 
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be associated by trained listeners with specific manufactur 
ers of Sound systems and/or, for example, loudspeakers. 
0051. The loudspeaker groups which have been men 
tioned further above and have been mentioned for the 
equalizing of a Sound system in order to achieve an optimum 
listening environment in this case, by way of example, 
comprise the groups of Sub-woofers, woofers, rear, side, 
front and centre, and the phases of these loudspeaker groups, 
for example front left and front right, are matched by the 
equalizing process Such that signals from the respective 
loudspeaker groups arrive as far as possible in the same 
phase as the left and right ear, thus making it possible to 
achieve the best-possible location capability effect. 
0.052 Typically, the process of adjustment of the tonality 

is started once the phases of the individual, independent 
loudspeaker groups have been matched. For this purpose, 
the individual loudspeaker groups are first of all equalized 
separately with respect to the level, corresponding to the 
Sum target function. This results in all of the medium-high 
tone loudspeaker pairs Sounding similar. Excessive levels in 
an individual loudspeaker group and/or in an individual 
spectral range would reduce the so-called Sweet spot, that is 
to say that spatial area in which the listening experience is 
at its best in terms of the stated parameters, since the 
localization is fixed on that loudspeaker group which actu 
ally produces the highest level for the signal being repro 
duced at that time. 

0053) Once this process of equalizing the individual 
loudspeaker pairs has been carried out, the levels of these 
individual groups are then matched to one another. This is 
done in a simple form by changing the maxima of the 
measured sound levels of the individual broadband loud 
speaker groups to a common level value. This can be done 
by reducing the levels of specific loudspeaker groups, 
increasing the levels of specific loudspeaker groups or by a 
mixture of these techniques. In each case, care is taken to 
ensure that none of the loudspeaker groups is overdriven by 
raising the level, which could result in undesirable effects, 
Such as non-linear distortion, while excessive reduction in 
the level would no longer ensure adequate transmission of 
all of the frequency components associated with this loud 
speaker group. 
0054 The levels for matching of the bass channels, 
which are likewise predistorted in the previous equalizing 
process, are in this case determined using a somewhat 
modified method, to be precise by relating the sum function 
of all of the loudspeaker groups for the medium-tone range 
to a target function. In the broadband case, the levels of the 
bass channels are dealt with differently during the matching 
process. 

0055. In a further method step, the level, averaged over 
the frequency range of the respective loudspeaker group, of 
this loudspeaker group can also be used as a measure for the 
extent to which the individual loudspeaker groups must be 
matched to one another, that is to say must be changed to a 
common, medium level value. In this case, care is taken, as 
mentioned above, to ensure that this matching process does 
not lead to undesirable effects such as excessively high or 
excessively low sound levels from the individual loud 
speaker groups. 
0056 Furthermore, sound levels can be assessed before 
the matching process, using the so-called A-assessed level. 
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As can be seen from FIG. 2, the sensitivity of the human ear 
depends on the frequency. Tones at very low frequencies and 
tones at very high frequencies are in this case perceived as 
being quieter than medium-frequency tones. 
0057 The expressions volume and loudness that are used 
in this context relate to the same sensitivity variable and 
differ only in their units. They take account of the frequency 
dependent sensitivity of the human ear. The psycho-acoustic 
variable loudness indicates how loud a sound event at a 
specific level, with a specific spectral composition and for a 
specific duration is perceived to be subjectively. The loud 
ness is doubled when a Sound is perceived as being twice as 
loud and thus allows comparison of different sound events 
with respect to the perceived volume. The unit for assess 
ment and measurement of loudness is in this case the Sone. 
A sone is defined as the perceived volume of a sound event 
of 40 phons, that is to say the perceived volume of a sound 
event which is perceived as being equally loud to a sinu 
soidal tone at the frequency of 1 kHz with a sound pressure 
level of 40 dB. 

0058 At medium and high volume levels, an increase in 
the volume by 10 phon leads to the loudness being doubled. 
At low volume levels, even minor volume increases lead to 
the perceived loudness being doubled. The volume as per 
ceived by people in this case depends on the sound pressure 
level, the frequency spectrum and the behaviour of the sound 
over time and is likewise used for modelling of masking 
effects. By way of example, standardized measurement 
methods for loudness measurement also exist according to 
DIN 45631 and ISO 532 B. 

0059 FIG. 2 illustrates curves of equal volume. In this 
case the frequency is plotted logarithmically on the abscissa, 
and the level L of the offered narrowband sounds is plotted 
along the ordinate. For various level Volumes LN whose unit 
is the phon, and associated loudnesses N whose unit is the 
Sone, it can be seen that tones or noises with the same Sound 
pressure level L are perceived as being quieter at low and 
high frequencies than at medium frequencies. The illustra 
tion in FIG. 2 has been taken from E. Zwicker and R. 
Feldtkeller, Das Ohr als Nachrichtenempfänger The ear as 
an information receiver. S. Hirzel Verlag, Stuttgart, 1967. 
0060. This knowledge about the frequency dependency 
of Volume sensitivity can be taken into account according to 
the invention by Subjecting the frequencies contained in the 
Sound to the A-assessment as mentioned above, before 
matching of the various loudspeaker groups. The A-assess 
ment is a frequency-dependent correction of measured 
Sound levels, by means of which the physiological hearing 
capability of the human ear is simulated, with the level 
values which result from this assessment being stated using 
dB(A) as the units. AS generally known, highs and lows are 
reduced and medium-levels are (slightly) increased by the 
A-assessment. 

0061 A considerably different matching process is 
obtained, however, by further subdividing the frequency 
range into Sub-groups rather than making use of the rela 
tively coarse sub-division of the offered frequency band, as 
is initially carried out by means of the individual loud 
speaker groups. This prevents any level peaks in closely 
bounded frequency ranges in a loudspeaker group resulting 
in a corresponding reduction of all of the frequency ranges 
represented by this loudspeaker group. This Subdivision can, 
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in this case, be carried out in fractions of thirds for example, 
or in regions which are oriented to the characteristics of the 
human hearing. This subdivision will be described in more 
detail further below. 

0062 Since the addition of the level profiles of the 
individual, equalized frequency ranges or loudspeaker 
groups does not necessarily correspond to the profile of the 
desired required frequency response, the sum function itself 
which is obtained from the addition of the individual, 
equalized ranges and groups is equalized in a further process 
step. According to the invention, the procedure is in this case 
once again similar to the known procedure by acousticians 
for adjustment of an optimum hearing environment, that is 
to say the sequential processing of loudspeaker groups. 
0063. During this process, the group with the greatest 
influence on the profile of the sum level is first of all changed 
Such that this results in a profile that is as close as possible 
to the required frequency response. This change to the 
loudspeaker group with the greatest influence is carried out 
within previously defined limits, which once again ensure 
that none of the loudspeaker groups is overdriven by raising 
the level, which could result in undesirable effects such as 
non-linear distortion, while excessively reducing the level 
could mean that adequate transmission of all frequency 
components associated with this loudspeaker group was no 
longer ensured. 
0064. If the aim of approximating the profile of the 
required frequency response as exactly as possible with the 
loudspeaker group which makes the greatest contribution to 
the change in the Sum level is not achieved in the frequency 
range under consideration in this case, that group which 
makes the next greater contribution to changing the Sum 
level is then varied. According to the invention, this proce 
dure is continued until either the required frequency 
response is adequately approximated, or the predetermined 
limits, as defined in advance, for the permissible level 
change in the corresponding group are reached. 
0065. The investigations carried out have also shown that 
staging and spatial sensitivity can be influenced by the 
change in the sequence of processing of the groups, with 
desirably good staging being achieved in particular when the 
Volumes of the various loudspeaker groups are changed with 
respect to one another. If by way of example, front-seat 
passengers were to be given the hearing impression that the 
staging is perceived further in front, the rear and/or the side 
loudspeakers would have to be reduced and/or the front 
loudspeakers or the centre loudspeaker would have to have 
their or its levels raised. 

0066. If, in contrast, the perceived location of the staging 
is initially too far upwards or downwards, or else too far 
forwards or backwards, the desired effect can be achieved, 
that is to say the perceived location of the staging can be 
optimized as desired, by appropriate moderate level changes 
in the area of the Blauert direction-determining bands (see 
FIG. 1). However, it is obvious that even in the case of 
moderate level changes in the area of the Blauert direction 
determining bands, or if individual loudspeaker groups are 
raised or lowered in order to optimize the staging, a Subse 
quent change in the Sum level which has already been 
matched to the required frequency response and thus a 
renewed, possibly undesirable, discrepancy from the 
required frequency response, can result. 

Feb. 28, 2008 

0067. In order to keep this undesirable effect, the subse 
quent changing of the Sum level which has already been 
matched to the required frequency response, as a result of 
the optimization of the staging as Small as possible, the 
sequential processing is defined in advance in a specific 
manner, according to the invention. In this case, the proce 
dure according to the invention comprises definition of the 
sequence of processing of the individual loudspeaker groups 
for adjustment of the equalizing, in advance, in Such a way 
that this empirically ensures that the discrepancy from the 
approximation that has already been achieved to the required 
frequency response is minimized. 

0068 If by way of example, one wished to move the 
perceived location of the staging further forwards, which is 
normally a situation that occurs frequently, it is recom 
mended that the equalizing be carried out in the following 
sequence of loudspeaker groups: Sub-woofer, woofer, rear, 
side, centre and front. Variations in this fixed predetermined 
sequence can in this case be defined depending on the 
situation with regard to the current acoustic environment and 
the preference for a specific acoustic configuration. For 
example, from experience, it is possible in this case to 
interchange the rear and side as well as the centre and front 
loudspeakers in the sequence with the desired staging still 
being produced in this case as well, but allowing variations 
in the overall impression of the acoustic environment. This 
allows good staging to be achieved by skilful choice, defined 
in advance, of the sequence of processing of the loudspeaker 
groups during the procedure per se, without excessively 
changing the Sum level which has already been matched to 
the required frequency response. 

0069. In general, the aim is to carry out an equalizing 
process which is as independent as possible of position, for 
acoustic presentation in motor vehicles. This means that the 
aim of the equalizing process should not only result in a 
Sweet spot as Such but should also cover the region of 
optimum presentation, covering as large a spatial area as 
possible, while providing spatial areas of optimum presen 
tation that are as large as possible at the respective positions 
of the driver and front-seat passenger as well as in the rear 
row or rows of seats. If one observes the manual work by 
acousticians with the same aim in the measurement and 
equalizing of Sound systems for passenger compartments in 
motor vehicles, then it is evident that these acousticians set 
the filters for equalizing of each loudspeaker group to be 
left/right-balanced. This is understandable, because both the 
arrangement of the loudspeakers of a sound system per se 
and the interior of the passenger compartment of a motor 
vehicle, with the exception of the steering wheel and dash 
board, are normally designed to be strictly left/right sym 
metrical. This procedure is also adopted in the method 
according to the invention for automatic equalizing accord 
ing to the present invention. 

0070). In order to determine the results achieved by the 
respective equalizing process by recording of the impulse 
responses of the regulated sound system, two B & K (Briel 
& Kjaer, Denmark) /2" microphones without any separating 
disc and separated by 150 mm, were introduced, during the 
course of the investigations, at the four seat positions for the 
driver, front-seat passenger, rear left and rear right, which 
corresponds to the normal measurement method for inves 
tigation of the transfer functions in Sound systems. 
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0071. A further aspect of the optimization of the acoustic 
presentation via a sound system is the setting of the cross 
over filters, also referred to as frequency filters, for the 
individual loudspeakers. In principle, these crossover filters 
must be adjusted as a first step before carrying out any 
equalizing process on the entire Sound system. During the 
course of the investigations carried out, it was in this case 
found that it was relatively complicated to develop a suitable 
algorithm with acceptable computation complexity for auto 
matic adjustment of the crossover filters and, initially, these 
crossover filters were therefore not adjusted automatically 
during the course of the further investigations so that, 
initially, they were adjusted manually (a method for auto 
matic adjustment of crossover filters is described further 
below). Manual adjustment Such as this can be carried out 
quickly and effectively if, as in the present case, the physical 
data for the loudspeakers and their installation state are 
known. FIR filters (finite impulse response filters) or IIR 
filters (infinite impulse response filters) can also be used as 
an embodiment for the crossover filters. 

0072 FIR filters are characterized in that they have an 
extremely linear frequency response in the transmission 
range, a very high cut-off attenuation, linear phase and 
constant group delay time, have a finite impulse response 
and operate in discrete time steps, which are normally 
governed by the sampling frequency of an analogue signal. 
An Nth order FIR filter is in this case described by the 
following differential equation: 

y(n) = bo: x(n) + B : x(n - 1) + b : x(n - 2) +...+ by : x(n - N) 

W 

X. bi: xn - i. 
i=0 

where y(n) is the initial value of the time n and is calculated 
from the sum, weighted with the filter coefficients b, of the 
N most recently sampled input values x(n-N) to X(n). In this 
case, the desired transfer function and thus the filtering of 
the signal are achieved by the definition of the filter coef 
ficients b, 
0073. In contrast to FIR filters, IIR filters also use already 
calculated initial values in the calculation (recursive filters) 
and they are characterized in that they have an infinite 
impulse response, no initial oscillations, no level drop and a 
very high cut-off attenuation. The disadvantage in compari 
son to FIR filters is that IIR filters do not have a linear phase 
response, as is often highly desirable in acoustic applica 
tions. Since the calculated values in the case of IIR filters 
become very small after a finite time, however, the calcu 
lation can in practice be terminated after a finite number of 
sample values n, and the computation power complexity is 
considerably less than that required for FIR filters. The 
calculation rule for an IIR filter is: 

where y(n) is the initial value of the time n and is calculated 
from the sum, weighted with the filter coefficients b, of the 
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sampled input values X(n) added to the Sum, weighted with 
the filter coefficients a, of the initial values y(n). In this case, 
the desired transfer function is once again achieved by the 
definition of the filter coefficients a, and b. 
0074. In contrast to FIR filters, IIR filters may in this case 
be unstable, but have a higher selectivity for the same 
implementation complexity. In practice, the filter chosen is 
that which best satisfies the required conditions taking into 
account the requirements and computation complexity asso 
ciated with them. 

0075. In the present case, it is thus preferred that cross 
over filters in the form of IIR filters be used. The use of FIR 
filters is advantageous because of the linear profile of the 
phase in the case of FIR filters, but would lead to an 
undesirably high level of computation complexity during 
use owing to the low filter cut-off frequencies required. IIR 
filters were thus used as the basis for the crossover filters in 
the following text, in which case these crossover filters are 
adjusted before carrying out the automatic equalizing pro 
cess according to the invention (AutoEQ) with their param 
eters first of all being transferred to the sub-sequent AutoEQ 
algorithm so that the phase distortion in the transmitted 
signals caused by these IIR filters can be taken into account 
in the calculation of the equalizing filters for phase match 
ing, as described further above, for the location capability, 
and, if necessary, can be compensated for appropriately. 
0076. The channel gains of the individual loudspeaker 
groups should likewise also be set before the start of an 
automatic equalizing process. This may be done manually or 
automatically. The step-by-step procedure for automatic 
matching in one preferred embodiment is described, by way 
of example, as follows: 
0077 1. Automatic matching of the maximum values of 
the magnitudes of the frequency responses of all the 
broadband loudspeaker groups to the highest value, so 
that the quieter loudspeaker groups down to the quietest 
loudspeaker group are raised to the maximum value of the 
magnitude of the frequency response of the loudest loud 
speaker pair. 

0078 2. Automatic matching of the averaged levels of the 
broadband loudspeaker groups, which have already been 
equalized automatically and individually in advance, to a 
target function. 

0079 3. Formation of the sum of the magnitudes of the 
frequency responses of the broadband loudspeakers 
whose levels have in the meantime been matched. 

0080. 4. Setting of the channel gains of the woofer 
loudspeakers to the maximum value or to the mean level 
of the Sum of the magnitudes of the frequency responses 
of the broadband loudspeakers. 

0081 5. Formation of the new sum of the magnitudes of 
the frequency responses of the broadband loudspeakers 
including the woofer loudspeakers. 

0082 6. Setting of the channel gain of the sub-woofer 
loudspeaker to the new maximum value or to the mean 
level of the new sum of the magnitudes of the frequency 
responses of the broadband loudspeakers, including the 
woofer loudspeakers from 5. 

0083. Furthermore, the maximum values of the levels 
and/or the mean values of the levels can optionally also be 
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assessed for the method steps 1 to 6 as described above, 
before matching with the A-assessed level. As described 
further above, the A-assessment represents a frequency 
dependent correction of measured sound levels which simu 
lates the physiological hearing capability of the human ear. 

0084. In contrast to the use of crossover filters, FIR 
filters, whose advantages have already been described fur 
ther above, are used in the implementation of the filters as 
determined for the automatic equalizing (AutoEQ algo 
rithm) in the amplifier of a sound system. Since, depending 
on the embodiment and in particular when they have a wide 
bandwidth, these FIR filters can result in stringent require 
ments for the computation power of a digital signal proces 
sor on which they are carried out, the psycho-acoustic 
characteristics of the human hearing are made use of again 
in this case, as well. According to the invention this is 
achieved in that the filtering is carried out by means of FIR 
filters via a filter bank, with the bandwidth of the filters 
increasing as the frequency increases, in a manner which 
corresponds to the frequency-dependent, integrating char 
acteristic of the human hearing. 
0085. The modelling of the psycho-acoustic hearing sen 
sitivities is in this case based on fundamental characteristics 
of the human hearing, in particular of the inner ear. The 
human inner ear is incorporated in the so-called petrous 
bone, and is filled with incompressible lymph fluid. In this 
case, the inner ear is in the form of a worm (cochlea) with 
about 2.5 turns. The cochlea in turn comprises channels 
which run parallel, with the upper and lower channel being 
separated by the basilar lamina. The cortical organ with the 
hearing sense cells is located on this lamina. When the 
basilar lamina is caused to oscillate by Sound stimuli, 
so-called moving waves are formed during this process, that 
is to say there are no oscillation antinodes or nodes. This 
results in an effect which governs the hearing process, the 
so-called frequency/location transformation on the basilar 
lamina, which can be used to explain psycho-acoustic con 
cealment effects and the pronounced frequency selectivity of 
the hearing. 

0086. In this case, the human hearing comprises different 
Sound stimuli which fall in limited frequency ranges. These 
frequency bands are referred to as critical frequency groups 
or else as the critical bandwidth CB. The frequency group 
width has its basis in the fact that the human hearing 
combines sounds which occur in specific frequency ranges, 
in terms of the psycho-acoustic hearing sensitivities which 
result from these sounds, to form a common hearing sensi 
tivity. Sound events which are within a frequency group in 
this case produce different influences than sounds which 
occur in different frequency groups. Two tones at the same 
level within one frequency group are, for example, per 
ceived as being quieter than if they were in different fre 
quency groups. 

0087. Since a test tone within a masker is audible when 
the energy levels are the same and the masker falls in the 
frequency band which the frequency of the test tone has as 
its mid-frequency, it is possible to determine the desired 
bandwidth of the frequency groups. At low frequencies, the 
frequency groups have a bandwidth of 100 Hz. At frequen 
cies above 500 Hz, the frequency groups have a bandwidth 
which corresponds to about 20% of the mid-frequency of the 
respective frequency group (Zwicker, E.; Fastl, H. Psycho 

Feb. 28, 2008 

acoustics—Facts and Models, 2nd edition, Springer-Verlag, 
Berlin/Heidelberg/New York, 1999). 

0088. If all of the critical frequency groups are arranged 
in a row over the entire hearing range then this results in a 
hearing-oriented non-linear frequency scale which is 
referred to as tonality, with the Bark as the unit. This 
represents a distorted Scaling of the frequency axis, so that 
frequency groups have the same width of precisely 1 Bark 
at each point. The non-linear relationship between the fre 
quency and tonality originates from the frequency/location 
transformation on the basilar lamina. The tonality function 
has been stated by Zwicker (Zwicker, E.; Fastl, H. Psycho 
acoustics—Facts and Models, 2nd edition, Springer-Verlag, 
Berlin/Heidelberg/New York, 1999) on the basis of moni 
toring threshold and loudness investigations, in tabular form. 
As can be seen, 24 frequency groups can actually be 
arranged in a row in the audibility frequency range from 0 
to 16 kHz, so that the associated tonality range is 0 to 24 
Bark. 

0089 Transferred to the application in a sound system 
amplifier according to the invention, this means that a filter 
bank is preferably formed from individual FIR filters whose 
bandwidth is in each case 1 Bark or less. Although FIR filters 
are used for automatic equalizing as investigations progress 
and in order to produce embodiments, possible alternatives 
exist which, for example, comprise rapid convolution, the 
PFDFC algorithm (Partition Frequency Domain Fast Con 
volution Algorithm), WFIR filters, GAL filters or WGAL 
filters. 

0090 For automatic equalizing of the levels and/or 
amplitudes of the sound system, two different methods were 
investigated, which are referred to in the following text as 
“MaxMag and “Sequential”. “MaxMag in this case 
searches in the manner described further above in all of the 
available independent loudspeaker groups to find that which, 
in terms of its maximum or average level, is furthest away 
from the target function of the frequency profile and thus 
provides the greatest contribution to approximation to the 
target function by raising or lowering the level. If the 
maximum possible level change of the selected loudspeaker 
group, which is restricted to the region of predefined limit 
values, is in this case found not to be adequate for complete 
approximation to the target function, the value which is set 
for the selected loudspeaker group within the permissible 
limit values is that which allows the greatest possible 
approximation to the target function and, following this, the 
loudspeaker group which is selected and whose level is 
changed is that which now has the greatest level difference 
from the target function from the group of loudspeaker 
groups whose levels have not yet been matched. This 
method is continued until either the target function is 
reached with sufficient accuracy or the dynamic limits of the 
overall system, that is to say the permissible reductions or 
increases (limit values) by equalizers are exhausted within 
the respective loudspeaker groups. 

0091. In contrast, as has been described in detail above, 
the sequential method processes the existing loudspeaker 
groups successively in a previously defined sequence, in 
which case the user can produce the described influence on 
the mapping of the staging by the previous definition of the 
sequence. In this case the automatic algorithm also attempts 
to achieve the best approximation to the target function just 
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by the equalizing of the first loudspeaker group within the 
permissible limits (dynamic range). 

0092. To further improve this method, it was modified in 
Such a way that each group no longer reaches its maximum 
dynamic limits at each frequency location but may now only 
act at the restricted dynamic range. The algorithm uses the 
ratio of the signal vectors of the relevant group to the 
existing Sum signal vector at this frequency location as a 
weighting parameter. This avoids the first groups provided 
for processing being excessively (over a broad bandwidth) 
attenuated. With the introduction of the self-scaling target 
function, which is oriented on the minimum of the Sum 
function and then scales the target function Such that the 
minimum value of the Sum transfer function in a predeter 
mined frequency range is located exactly by the maximum 
permissible increase below the target function, this indicated 
the strengths and weaknesses of the two versions “MaxMag” 
and “Sequential”. 

0093. However, this procedure can lead to the level 
profile of the first loudspeaker group, which is modified by 
equalizing using the described “sequential method, being 
raised or lowered more than proportionally over a broad 
bandwidth while, in contrast, the other loudspeaker groups 
which are processed using the “sequential method, are not 
Subject to any changes, or only to minor changes, since the 
target function has already been largely approximated by the 
equalizing of the first loudspeaker group. One possibly 
disadvantageous effect in this case is that the first loud 
speaker in the defined sequence may experience a major 
increase or attenuation as the result of this procedure, with 
the following loudspeaker groups remaining largely 
unchanged, so that the frequency range which is represented 
by the first loudspeaker group is more than proportionally 
amplified or attenuated, which could lead to a considerable 
discrepancy from the desired sound impression. 

0094. The “sequential method was thus subsequently 
modified such that a single loudspeaker group may now no 
longer be raised or lowered within its theoretical maximum 
available dynamic range, but only within a dynamic range 
which is less than this. This reduced dynamic range is 
calculated from the original maximum dynamic range by 
weighting this original maximum dynamic range with a 
factor which is obtained from the ratio of the overall level of 
the relevant loudspeaker group to the totaled overall level 
from all of the loudspeaker groups in this frequency range in 
the relevant loudspeaker group, so that this factor is always 
less than unity and results in a restriction to the maximum 
dynamic range which can be regulated out for the relevant 
loudspeaker group. This reliably avoids the level profiles of 
the first loudspeaker groups that are processed in the 
sequence previously determined being undesirably strongly 
raised or lowered in the course of the automatic equalizing 
process. 

0.095. In order to take account of this restriction to the 
maximum control range (dynamic range) of the loudspeaker 
groups, a modification has also been introduced in the target 
function to be achieved, in order always to ensure reliable 
approximation to the target function of the desired level and 
phase profile despite the reduced control range of the 
loudspeaker groups. In this case, the target function to be 
achieved is raised or lowered over its entire level profile 
(parallel shifting of the level profile without changing the 
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frequency response, also referred to in the following text as 
Scaling). Such that, in predetermined frequency ranges, the 
interval between this target function and the sum function of 
the level profile of all the loudspeaker groups to be consid 
ered and to be adjusted by the automatic equalizing process 
is not greater than the maximum increase or decrease as 
determined using the above method in the level profile of the 
individual loudspeaker groups. 
0096. The specified frequency ranges in which the level 
profiles of the target function and sum function of all the 
loudspeaker groups are compared, may, for example be 
oriented to the transmission bandwidths of the loudspeaker 
groups being used, but preferably to the Bark Scale, as 
explained further above, that is to say in the region of 
frequency-group wide frequency ranges or partial ranges, 
thus once again taking account of the physiological hearing 
capability of the human hearing in this case in particular tone 
level perception and Volume sensitivity (loudness). 
0097. The results of the loudspeaker settings achieved by 
the two “sequential” and “MaxMag methods on the basis of 
the embodiment described above were obtained by hearing 
trials with suitable subjects, that is to say subjects with 
experience in the assessment of Sound environments pro 
duced by Sound systems. In this case, these trials were 
carried out in order to assess the major parameters of the 
hearing impression, Such as location capability, tonality and 
staging for in each case four seat positions in the passenger 
compartment of a motor vehicle. These seat positions com 
prise the driver, front-seat passenger, rear left and rear right. 
0098. For the method based on the “MaxMag method, 
these hearing trials showed the tonality of the Sound impres 
sion was found to be highly positive both on the front seats 
and on the rear seats. One disadvantage in the assessment of 
the use of the “MaxMag method was that a deterioration in 
the localization and localization clarity and hence also of the 
staging, was perceived at all of the seat positions. 
0099 Because the process based on the “MaxMag” 
method for equalizing of the individual loudspeaker groups 
first of all places the major emphasis on that loudspeaker 
group whose variation (raising or lowering) approximates 
the Sum function over all the loudspeaker groups with the 
greatest contribution to a predetermined target function, an 
automated process can result in an unsuitable processing 
sequence of the loudspeaker groups. For example, it is 
possible for a situation to occur in which the automated 
algorithm for equalizing first of all identifies, in the case of 
the loudspeaker group for the front loudspeakers, the great 
est contribution for the desired approximation to the target 
function, and correspondingly strongly raises or lowers its 
level profile. 
0100. As is known from the descriptions provided further 
above, however, the front loudspeakers in particular con 
tribute a major proportion to, for example, good staging and, 
furthermore, this relates to their transmission quality, they 
are relatively unproblematic in comparison to other loud 
speaker groups in the sound system by virtue of the instal 
lation location and the loudspeaker quality which can thus 
be used. In a situation Such as this, further loudspeaker 
groups which may have disturbing spectrum components 
that have an adverse effect on the location capability will no 
longer be included in the automatic equalizing process, 
resulting in the parameters becoming worse, in the manner 
which has been mentioned. 
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0101 For the process based on the “sequential method, 
the hearing trials resulted in very good channel separation 
and localization clarity for the offered audio signals in all 
seat positions. Although very good tonality was also 
achieved, at the front seat positions using the "sequential” 
method, this tonality at the rear seat position became con 
siderably worse as a result of the variation of the loud 
speaker groups dealt with first according to the method, with 
the degree of this deterioration increasing in proportion to 
the respective maximum permissible raising or lowering in 
the respective loudspeaker groups. This means that the 
process based on the “sequential method, despite the 
already introduced reduction in the maximum decrease or 
increase in the individual loudspeaker groups, in particular 
in the first loudspeaker groups in the predetermined 
sequence of processing, still results in an automatic algo 
rithm producing excessive variation. 
0102) In the embodiments of the automatic equalizing 
process investigated so far, neither of the two methods used 
always produce good results in the hearing tests carried out, 
although the “sequential method appeared overall to be 
advantageous in comparison to the "MaxMag method. 
Further modifications to the described methods are investi 
gated in the following text in order to achieve both good 
localization and good tonality in an automated process, and 
to achieve both of these at both the front and rear seat 
positions in the passenger compartment of a motor vehicle. 

0103) The further investigations have shown that, when 
using the "sequential method, an even greater restriction to 
the permissible reduction in the level of the loudspeaker 
groups, in particular of the first loudspeaker groups in the 
respective specified sequence, made it possible to achieve a 
result which was satisfactory for all seat positions even for 
tonality as the hearing sensitivity. This was not satisfactory 
at the rear seat positions with the previous embodiment for 
automatic equalizing. As mentioned further above, the target 
function to be achieved is raised or lowered over its entire 
level profile (scaling, parallel shifting of the level profile 
without variation of the frequency response), Such that the 
interval between this target function and the sum function of 
the level profile of all the loudspeaker groups to be consid 
ered and to be adjusted by the automatic equalizing process 
is no greater in predetermined frequency ranges than the 
maximum permissible increase or decrease in the level 
profile of the individual loudspeaker groups in the respective 
frequency range. 

0104. This means that the target function to be approxi 
mated by the equalizing process is aligned by virtue of this 
Scaling in its absolute position at the minimum level of the 
sum function of the level profile of all the loudspeaker 
groups to be considered, which generally leads to a reduc 
tion, which in Some cases is considerable, in this target 
function to be approximated, since the Sum function of the 
level profile of all the loudspeaker groups to be considered 
normally has a highly fluctuating profile with pronounced 
maxima, and, in particular, minima. It is thus desirable to 
vary the sum function of the level profile of all the loud 
speaker groups to be considered in a previous processing 
step such that these pronounced maxima and in particular 
minima, no longer occur and, as a consequence of this, the 
matching or scaling of the absolute position of the target 
function to this sum function results in far less reduction in 
the original specified target function. 
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0105. This is achieved in the following text by matching, 
which is referred to as “pre-equalizing of the levels of the 
individual loudspeaker groups (not the Sum function) to the 
target function of the level profile, with this pre-equalizing 
process being coordinated with the equalizing of the phases 
as already described further above and as carried out even 
before the equalizing, in which the phases are matched by 
equalizing Such that signals from the respective loudspeaker 
groups arrive as far as possible in phase at the left ear and 
at the right ear. This previous pre-equalizing of the indi 
vidual loud speaker groups also results in the Sum function 
that results from the level profiles of the individual loud 
speaker groups being approximated at this stage to the target 
function to such an extent that the problem described above 
of major reduction in the target function as a consequence of 
pronounced minima in the Sum function no longer occurs. 
0106 The equalizing values which are determined in the 
course of the pre-equalizing process may in this case be used 
as initial values for the Subsequent, final equalizing by 
means of the “sequential method. However, before the 
addition of the level profile over all of the loudspeaker 
groups, the levels of the loudspeaker groups as approxi 
mated to the target function in a first step by means of the 
pre-equalizing process must, however, be matched to one 
another within their frequency ranges which are bounded by 
the respectively associated crossover filters. This matching 
process is necessary because the efficiency of the various 
loudspeaker groups may be different, and it is desirable for 
each loudspeaker group to produce volume sensitivity that is 
identical as possible, which, when the volume sensitivity is 
the same for the Sound components of the various loud 
speaker groups, can lead to these loudspeaker groups being 
operated at considerably different electrical voltage levels in 
order to produce these sound components. 
0.107 The level difference between the groups is also 
amplified by the pre-equalizing process, because the 
dynamic range of the equalizer is designed such that major 
reductions, but only slight increases, are permitted. If the 
frequency response of a group differs to a major extent from 
the target function, a considerable level reduction must 
therefore be expected. Major level increases are therefore 
not permissible, because they will be perceived as disturb 
ing, particularly in conjunction with high filter Q factors. 
0108) As it has been possible to verify in appropriate 
hearing trials and measurements, the desired result of the 
described method is obtained in that, once the equalizing 
steps have been carried out, the transmission response of all 
the loudspeaker groups is maintained over a broad band 
width and the loudspeaker groups each in their own right 
make a contribution to the overall Sound impression, which 
leads to good tonality and the largest possible Sweet spot at 
all four passenger locations under consideration. 
0.109 Furthermore, the resultant sum transfer function, 
that is to say the addition of the level profiles over all of the 
loudspeaker groups, is approximated by the step of pre 
equalizing in its own right to the target function of the 
desired level frequency response to Such an extent that this 
target function need no longer be reduced to Such a major 
extent in the scaling process with respect to the Sum function 
minima, which are in consequence less pronounced. 
0110. As described above, this is once again a precondi 
tion for the use according to the invention of one of the two 
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methods already described (“sequential’ and “MaxMag) 
for automatic equalizing of the sum of the level profiles of 
all the loudspeaker groups in the Sound system, in order, in 
the end, also to obtain a balanced Sound impression at all 
seat positions. 
0111 So far, the equalizing of the loudspeakers has 
always been carried out in groups of more than one loud 
speaker. However, more extensive investigations have 
shown that equalizing of each individual loudspeaker in all 
the loudspeaker groups (forming groups of only one loud 
speaker each) on the basis of the magnitude and phase made 
it possible to achieve even better results, although this 
process resulted in the previously achieved strict symmetry 
of the Sound field now no longer being obtained. In this case, 
the advantages of individual equalizing of all the individual 
loudspeakers was evident not only at one location in the 
passenger compartment of the motor vehicle, for example 
the driver's seat position, but also at the other seat positions. 
0112 One precondition for this is that the results of the 
transfer functions recorded binaurally at different seating 
positions using the described measurement method are 
included with appropriate weighting in the definition of the 
equalizing filters. As expected, it was possible to achieve the 
best results by equal weighting of the binaurally measured 
transfer functions. This equated consideration of the spatial 
transfer functions of the left and right hemisphere leads to 
quasi-balanced acoustics in the vehicle interior even though 
the equalizing filters are now set on a loudspeaker-specific 
basis. 

0113. This equalizing process on an individual loud 
speaker basis increases the number of filters to be considered 
individually by virtually 50%, since a dedicated equalizing 
filter and thus a dedicated filter coefficient set are now also 
required in each case in the algorithm for automatic equal 
izing, per loudspeaker, for the loudspeaker groups which are 
arranged symmetrically with respect to the longitudinal axis 
of the vehicle interior and whose transfer function as in the 
past in each case was equalized by means of a common 
equalizing filter. The additional complexity which results 
from this and the consequently more stringent requirements 
for the computation power of the digital signal processor for 
provision of the equalizing filters, appear in the opinion of 
the inventors to be justified, however, since the results of the 
hearing tests in some cases resulted in considerable and 
significant improvements in the perceived hearing impres 
S1O. 

0114. The two-stage procedure described so far, with 
pre-equalizing followed by equalizing of the Sum function of 
the transfer function of all the loudspeakers, was retained, 
with both pre-equalizing and equalizing now being carried 
out on a loudspeaker-specific basis, by virtue of the 
described advantages. In contrast to the previous sequence 
of the processing steps, the matching of the channel gain 
was, however, no longer carried out Subsequently but after 
the pre-equalizing has been carried out. In this case, both the 
matching of the channel gains and the adjustment of the 
crossover filters are carried out directly as before, for each 
loudspeaker group. 

0115 This means that the transfer functions of the indi 
vidual loudspeakers of a symmetrically arranged pair of 
Stereo loudspeakers in each case have the same channel gain 
and the same crossover filter applied to them. This stipula 
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tion has been made since, in the course of the investigations, 
situations occurred in which, when using loudspeaker-spe 
cific channel gains, particularly in the case of woofer loud 
speakers, major differences in some cases occurred in the 
individual channel gains, which shifted the Sound impres 
sion in an unnatural and undesirable manner in space. 
Problems of the same type would also occur if the crossover 
filters were designed on a loudspeaker-specific basis. A 
loudspeaker-specific crossover filter would admittedly make 
it possible for each loudspeaker in a loudspeaker group, 
normally a loudspeaker pair, to be operated with maximum 
efficiency in its frequency range, but loudspeaker environ 
ments or installation conditions which are not the same can 
result in situations in which the transmission range of one 
loudspeaker in a loudspeaker group differs to a major extent 
from that of another loudspeaker in the same loudspeaker 
group. If the crossover filters in a situation such as this were 
designed on a loudspeaker-specific basis, this could likewise 
lead to undesirable spatial shifts in the resultant sound 
impression. 
0116. After carrying out the crossover filtering, the loud 
speaker-specific pre-equalizing both of the phase response 
and of the magnitude frequency response, as well as the 
matching of the channel gain, fine matching of the Sum 
transfer function is now carried out, that is to say of the Sum 
of the level profiles of all the loudspeakers involved, to the 
target function. In contrast to the previous procedure, the 
process based on the “MaxMag method is in this case 
preferred to the process based on the “sequential method. 
Since the pre-equalizing process is now carried out on a 
loudspeaker-specific basis, only a small number of narrow 
band frequency ranges of individual loudspeakers now need 
to be modified by the filter algorithm in order to achieve the 
desired approximations of the target function, and the broad 
band and major level changes produced by the equalizing 
filters, which in the past when using the “Max-Mag method 
have led to the undesirable results in terms of the location 
capability, no longer occur. The results of the hearing trials 
confirm that, for using the loudspeaker-specific pre-equal 
izing process, a good localization capability is now achieved 
even with the process for automatic equalizing based on the 
“MaxMag method, in which case the tonality was also 
additionally improved by the previous loudspeaker-specific 
pre-equalizing process. 
0.117) In contrast, the use of the process based on the 
"sequential method in conjunction with loudspeaker-spe 
cific equalizing may now have considerable disadvantages, 
which are evident in the form of major spatial shifting of the 
sound impression. This is due to the fact that the first 
individual loudspeaker in the processing chain in the 
sequence defined in the “sequential method will in the 
worst case have its transfer function in all of the relevant 
frequency ranges change, normally by being reduced, by the 
equalizing filters to Such a major extent that the distance 
from the target function becomes minimal (as is the aim of 
this method). If this aim has already been achieved 
adequately by the first individual loudspeaker, all of the 
Subsequent loudspeakers would no longer be processed any 
further by the automatic algorithm, in particular and in 
addition not the partner in the balanced loudspeaker pair 
with which the individual loudspeaker whose transfer func 
tion has been changed is associated. This will result in a 
broadband and one-sided, for example, reduction in the level 
profile in the frequency range of the relevant individual 
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loudspeaker, which would lead to undesirable spatial shift 
ing of the location of the perception of the Sound events. 
0118) If required, this effect could be counteracted by in 
each case still applying the process based on the “sequen 
tial method to each of the known loudspeaker groups 
jointly irrespective of the loudspeaker-specific pre-equaliz 
ing. However, investigations have shown that the changed 
initial situation resulting from the loudspeaker-specific pre 
equalizing for the process of the equalizing based on the 
"sequential method leads to poorer results in comparison to 
the “sequential method with pre-equalizing being carried 
out in groups so that this method was no longer considered 
any further Subsequently in conjunction with loudspeaker 
specific pre-equalizing. 

0119) A renewed investigation of the influence of non 
linear Smoothing showed that excessive Smoothing (for 
example third averaging) led to a “lifeless”, “soft' or 
“washed-out sound impression, while in contrast, no 
Smoothing or only excessively weak Smoothing (for 
example third/12 averaging) resulted in an excessively 
“hard”, “piercing sound impression. Therefore third/8 aver 
aging may be a good compromise. 

0120. As stated further above, the crossover filters were 
adjusted manually in the course of the previous investiga 
tions, for simplicity reasons. In the following, an approach 
is searched for in order to carry out this adjustment process 
automatically as well, since the aim of the present invention 
is to develop automatic equalizing, which is as comprehen 
sive as possible and covers all aspects, of a sound system in 
a motor vehicle, including the adjustment of the crossover 
filters in the automatic equalizing process, as well. 
0121 The following disclosure relating to the automatic 
adjustment of the crossover filters is based on the assump 
tion that Butterworth filters of a sufficient order are, in 
principle, sufficient for the desired delineation of the respec 
tive frequency response of the relevant loudspeaker. The 
empirical values of acousticians, maintained over many 
years, for the equalizing of Sound systems show that fourth 
order filters are adequate both for high-pass and low-pass 
filters in order to achieve the desired crossover filter quality. 
A higher-order filter would result in advantages, for example 
by having a steeper edge gradient, however the amount of 
computation time required for this purpose for implemen 
tation in digital signal processors would rise in a correspond 
ing manner at the same time. Fourth-order Butterworth 
filters are therefore used in the following text. 
0122) The transfer function of the left rear loudspeaker, 
measured binaurally using the described measurement 
method and averaged over the recordings at the driver's seat 
and the front-seat passenger's seat, is shown in comparison 
to the target function being used in the top left of FIG. 3. As 
can be seen in this case, it appears from this illustration to 
be difficult, particularly in the lower frequency range, to 
define a lower cut-off frequency of the crossover high-pass 
filter from the profile of the measured transfer function in 
comparison to the profile of the target function. In contrast, 
a Suitable upper cut-off frequency of a cross-over low-pass 
filter can be determined quite easily in the present case. 
0123 The right-hand upper illustration in FIG. 3 shows 
the same transfer function for the left rear loudspeaker, 
measured binaurally using the described measurement 
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method and averaged over the recordings at the driver's seat 
and front-seat passenger's seat in comparison to the target 
function used, after carrying out the pre-equalizing process 
according to the invention. As can be seen, the range 
boundaries of the transfer function of the investigated broad 
band loudspeaker Stand out in a significantly more pro 
nounced manner and can be read from the graph without any 
difficulties. In this case, personnel who are experienced in 
this special field are assisted by practice in handling the 
representation and the meaning of Such transfer functions. 
However, in conjunction with carrying out an automated 
equalizing process, this raises the question of how the 
definition of the cut-off frequencies of a cross-over filter can 
be determined sufficiently accurately and reliably with the 
aid of an algorithm. 
0.124. The algorithm which has been developed for this 
purpose is described in the following. In a first step, the 
difference is formed between the target function and the 
transfer function of the respective loudspeaker as deter 
mined after the pre-equalizing process. The result associated 
with the example under discussion is shown in the illustra 
tion at the bottom left in FIG. 3. This difference transfer 
function, which is also referred to for short in the following 
text as the difference, is then investigated in the next step, to 
determine the frequency of this difference function at which 
it is within, above, or below a specific, predetermined limit 
range. The threshold values defined in the illustrated 
example form a symmetrical limit range with limits at, for 
example, +/-6 dB around the null point of the difference 
function which results at all frequencies at which the transfer 
function as determined after pre-equalizing at a level cor 
responding to the target function. 

0.125 Since, as stated further above, the human hearing 
interalia has a frequency resolution related to the frequency, 
the difference transfer function as calculated from the mea 
Sured data and the target function was introduced into a level 
difference function, which had been Smoothed by averaging, 
before evaluation of whether the limit range had been 
overshot or undershot. The mean value at the respective 
frequency is in this case preferably calculated from empiri 
cal values over a range with a width of /s third octave band 
(in the following mentioned just as “third). This means that 
the frequency resolution of the smoothed level difference 
function is high at low frequencies and decreases as the 
frequency increases. This corresponds to the fundamental 
frequency-dependent behaviour of the human hearing to 
whose characteristics the illustration of the level difference 
function in FIG. 3 is thus matched. 

0.126 The level difference spectrum is then smoothed 
once again in a further processing step with the aid of a 
simple first-order IIR low-pass filter in the direction from 
low to high frequencies and in the direction from high to low 
frequencies in order to eliminate bias problems and Smooth 
ing-dependent frequency shifts resulting from them. The 
level difference spectrum processed in this way is now 
compared by the automatic algorithm with the range limits 
(in this case +/-6 dB), and this is used to form a value for 
the trend of the profile of the level difference spectrum. In 
this case, the value “1” for this trend denotes that the upper 
range limit has been exceeded at the respective frequency of 
the level difference spectrum, while the value “-1 indicates 
that the lower range limit of the level difference spectrum 
has been undershot at the respective frequency, and the value 
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“O'” for the trend indicates level values of the level difference 
spectrum at the respective frequency which are within the 
predetermined range limits. The result in evaluations such as 
this can be seen in the illustration at the bottom right in FIG. 
3, with the graph in red showing the described and calcu 
lated trend of the level difference spectrum at the respective 
frequency. 

0127 Despite the described smoothing of the signal of 
the level difference spectrum before evaluation of the trend, 
if the level difference spectra are initially unknown in an 
automated method, that is to say when using an automatic 
algorithm, it is possible for a situation to occur in which 
predetermined range limits are exceeded within a relatively 
narrow spectral range when, for example, the loudspeaker 
and/or the space into which Sound is being emitted have/has 
a narrowband resonance point, and the profile of the level 
difference spectrum then falls again below the predeter 
mined range limit (situations of the same type can also occur 
when the predetermined range limits are undershot). In 
situations such as these, the previously described method 
cannot determine clear cut-off frequencies for the cross-over 
filters. 

0128. Thus, in a further processing step, the level values 
determined by averaging using a filter in each case with a 
width of /s third are thus investigated for the frequency of 
Successive overshoots and undershoots of the predetermined 
range limits. Only when a specific minimum number (which 
can be predetermined in the algorithm) of related overshoots 
and undershoots of the predetermined range limits is over 
shot at Successive frequency points is this interpreted by the 
algorithm as reliable overshooting or undershooting of the 
predetermined range limits, and thus as a frequency position 
of a cut-off frequency of the crossover filter. In the present 
case, with range limits of +/-6 dB and with smoothing of the 
level profile using filters with a width of /s third, and a level 
spectrum resulting from this with discrete level values 
separated by /8 third, this minimum number of associated 
level values which overshoot or undershoot the range limits 
(+/-6 dB) is typically about 5-10 level values. 
0129. Depending on whether the respective loudspeakers 
that are being dealt with by the algorithm are loudspeakers 
designed to have a broadband or narrowband transmission 
response, upper and lower frequency ranges are predeter 
mined within which the upper and lower cut-off frequency 
of the respective loudspeaker type will move, from experi 
ence, or on the basis of the characteristic data for that 
loudspeaker. In this way, the automatic algorithm can be 
designed to be very robust and appropriate by the addition 
of parameters or parameter ranges known in advance. In the 
case of the broadband loudspeakers that are used in the 
present case, by way of example, a minimum, lower cut-off 
frequency off=50 Hz can be assumed, while in the case of 
narrowband loudspeakers (woofers) used in the low-tone 
range, an upper cut-off frequency of f=500 Hz can be 
assumed. If the largest found and related level overshoot or 
level undershoot range is now located within the frequency 
range delineated in this way, the extreme value of the level 
overshoot and/or level undershoot is now looked for within 
this frequency range (maximum and minimum in the level 
profile). 

0.130) If, in this case, this extreme value of the largest 
found and related level overshoot or level undershoot range 
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is in this case below a specific cut-off frequency (for 
example about 1 kHz), and if this extreme value furthermore 
also has a negative value (minimum), then the decision is 
made to use a high-pass filter for the sought crossover filter. 
In order to find the cut-off frequency of this high-pass filter, 
a search is now carried out, starting from the frequency of 
the minimum, in the direction of higher frequencies within 
the level difference function as determined after pre-equal 
izing for its first intersection with the 0 dB line. This 
frequency denotes the filter cut-off frequency of the cross 
over high-pass filter. 
0131) If the extreme value of the largest found and related 
level overshoot or level undershoot range is above a specific 
cut-off frequency (for example about 10 kHz), and if this 
extreme value furthermore also has a negative value (mini 
mum), then the decision is made to use a low-pass filter for 
the sought crossover filter. In order to find the cut-off 
frequency of this low-pass filter a search is now carried out 
starting from the frequency of the minimum in the direction 
of lower frequencies within the level difference function as 
determined after pre-equalizing, for its first intersection with 
the 0 dB line. This frequency denotes the filter cut-off 
frequency of the crossover low-pass filter. 
0132) If a plurality of extreme values exist, in which case 
at least the two most pronounced must be of a negative 
nature, and if the first minimum is below a specific cut-off 
frequency (for example about 1 kHz) and the other mini 
mum is above a specific cut-off frequency (for example 
about 10 kHz), then the decision is made to use a bandpass 
filter for the sought crossover filter. In order to find the 
cut-off frequencies of this bandpass filter, a search is now 
carried out starting from the frequency of the minimum 
which is below the cut-off frequency of, for example, about 
1 kHz in the direction of higher frequencies within the level 
difference function determined after the pre-equalizing, for 
its first intersection with the 0 dB line, and from the other 
minimum from its frequency in the direction of lower 
frequencies, for the first intersection with the 0 dB line. 
These frequencies then denote the filter cut-off frequencies 
of the crossover bandpass filter as the result of the automatic 
algorithm according to the invention. If applied to the 
example as illustrated in FIG. 3, this results in a crossover 
bandpass filter with a lower cut-off frequency off=125 Hz 
and an upper cut-off frequency of f=7887 Hz. 
0.133 The crossover filter cut-off frequencies for all of 
the broadband loudspeakers in the medium and high-tone 
range of the Sound system to be regulated and to be 
equalized are determined and set in the manner described 
above. The crossover filter cut-off frequencies of the nar 
rowband low-tone loudspeakers must be dealt with sepa 
rately, in further steps, and are restricted here just to logical 
range limits which, however, still need not represent final 
values. In general, the lower range limit of the crossover 
filters for the low-tone loudspeakers remains after the above 
processing at its lower cut-off value of f=10 Hz while, in 
contrast, the upper range limit is generally governed by the 
lowermost cut-off frequency of all of the broadband loud 
speakers, provided that this is greater than the lower cut-off 
frequency of the broadband loudspeakers (for example about 
50 Hz). This prior stipulation is important for the described 
method because, once all of the crossover filter cut-off 
frequencies have been set, the complete automatic equaliz 
ing process (AutoEQ) is carried out once again in order to 
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achieve a more accurate approximation to the target func 
tion, with the crossover filters being taken into account, in a 
second run. The final range limits of the crossover filters for 
the low-tone loudspeakers can then be looked for as will be 
described in the following text. 
0134. Once, as described above, the crossover filters of 

all of the broadband loudspeakers have been defined and the 
cross-over filters of the narrowband loudspeakers in the 
low-tone range have been preset to Suitable values, the 
search for better filter cut-off frequency values for the 
low-tone loudspeakers can be started. This procedure is 
necessary because the frequency transition from the narrow 
band loudspeakers for low-tone reproduction to the broad 
band loudspeakers depends on the nature and number of the 
low-tone loudspeakers being used and thus cannot easily be 
determined in a comparable manner. 
0135) In principle, a distinction is drawn between two 
typical situations for adjustment of the crossover filter 
cut-off frequencies, with the lower spectral range of the low 
frequencies being modelled by only one sub-woofer or only 
one woofer stereo pair in the first situation and with the 
lower spectral range of the low frequencies being modelled 
by a woofer stereo pair together with a sub-woofer in the 
other situation. Irrespective of which of the two situations is 
appropriate, the crossover filter cut-off frequencies of the 
woofers are in this case always defined and determined in 
the same way and a distinction is just drawn in the calcu 
lation of the crossover filter cut-off frequencies for the 
sub-woofer between the two situations mentioned above. 
The crossover filter cut-off frequencies of the sub-woofer are 
in this case calculated in the same way as that for the woofer 
Stereo pair in the situation in which only one Sub-woofer and 
no woofer stereo pair is used. Only in the situation in which 
a woofer Stereo pair is also present in addition to the 
sub-woofer is the way in which the crossover filter cut-off 
frequencies of the Sub-woofer are calculated changed. 
0136. As shown in the illustration at the top left in FIG. 
4, particularly in the case of the transition from the woofer 
loudspeakers to the broadband loudspeakers in the range 
from about 50 Hz to about 150 Hz, there is a peak in the sum 
magnitude frequency response (blue curve in FIG. 4, illus 
tration top left) with respect to the target function. In this 
case, it should be noted that the Sum magnitude frequency 
response was formed only from the level contributions of the 
broadband loudspeakers and the level contributions of the 
woofer loudspeakers. Any sub-woofer loudspeaker which 
may be present is in this case ignored at this stage. In order 
to keep the peak in the Sum magnitude frequency response 
within the transitional range as Small as possible, or in order 
to match this transitional range to the target function as well 
as possible, as indicated by the boundary lines in the 
illustrations in FIG. 4, a search for a difference which is as 
balanced as possible between the sum transfer function after 
pre-equalizing (blue curve FIG. 4, illustration top left) and 
the target function (black curve in FIG. 4, illustration top 
left) carried out only in an upper and lower spectral range. 
The upper spectral range within which a search is carried out 
for a minimum distance in this case results from the upper 
filter cut-off frequency of the woofer loudspeakers, which 
has already been determined prior to this, that is to say 
during the search for the crossover filter cut-off frequencies 
of the broadband loudspeakers. In this case, the minimum 
from the double upper filter cut-off frequency and the 
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maximum permissible upper filter cut-off frequency of the 
low-tone loudspeakers which, as Stated above, was defined 
to be f=500 Hz, determines the upper limit of the upper 
spectral range while half its value determines the associated 
lower limit of the upper spectral range. The lower limit of 
the lower spectral range for the search for the cut-off 
frequency results, in contrast to this, from the maximum of 
the minimum permissible lower filter cut-off frequency of 
the low-tone loudspeakers which, as stated above, was set to 
f=10 Hz, and from half of the lower filter cut-off fre 
quency, as already found. The upper limits of the lower 
spectral range for searching for the cut-off frequency results 
from twice the value of the lower limit. 

0.137 The decision as to whether the upper or the lower 
cut-off frequency of the crossover filter for the woofer 
loudspeakers should be reduced or increased is, however, 
not made directly from the profile of the difference between 
the Sum magnitude frequency response and the target func 
tion (distance) but from the previously smoothed level 
profile, as is illustrated by way of example in the illustration 
top right in FIG. 4. 

0.138. As mentioned further above, the procedure for 
determination of the crossover filter cut-off frequencies for 
the relevant loudspeakers or loudspeaker groups is identical 
in the situation in which the Sound system either comprises 
only a single Sub-woofer loudspeaker, or a stereo pair 
formed from woofer loudspeakers. The following text 
explains and describes the transfer functions and level 
profiles of a single Sub-woofer or of a woofer Stereo pair, as 
well as the procedure for determination of the associated 
crossover filter cut-off frequencies. 

0.139. In this case, once again the filter cut-off frequency 
or the filter cut-off frequencies of the sought crossover filter 
for the woofer loudspeakers has or have its or their fre 
quency varied within the permissible limits of the lower or 
upper spectral range, respectively, for as long as it is possible 
in this way to reduce the magnitude of the mean value, 
formed from the profile of the difference between the sum 
magnitude frequency response and the target function (dis 
tance). If the magnitude of the mean value of the distance of 
the upper spectral range is in this case greater than that of the 
lower spectral range, depending on whether the mean value 
of the distance of the upper spectral range is positive or 
negative, the filter cut-off frequency of the upper crossover 
filter is reduced at most until the filter cut-off frequency of 
the lower crossover filter is reached, or is increased at most 
until the maximum permissible filter cut-off frequency of the 
low-tone loudspeakers (about 500 Hz) is reached. If, in 
contrast to this, the magnitude of the mean value of the 
distance in the upper spectral range is less than the mean 
value of the distance in the lower spectral range then, 
depending on whether the mean value of the distance of the 
lower spectral range is positive or negative, the filter cut-off 
frequency of the lower crossover filter is reduced at most 
until the minimum permissible filter cut-off frequency of the 
low-tone loudspeakers (about 10 Hz) of the lower crossover 
filter is reached or is increased at most until the filter cut-off 
frequency of the upper crossover filter is reached. 

0140. After the appropriate number of runs, this method 
leads to crossover filters whose filter cut-off frequencies are 
set such that they have reached either their minimum or their 
maximum permissible range limits, or are located within the 
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frequency range predetermined by these range limits and are 
set Such that the magnitude of the mean value of the distance 
between the lower range limits of the lower spectral range 
and the upper range limits of the upper spectral range is 
minimized. This is illustrated, once again by way of 
example, in the two lower illustrations in FIG. 4, with the 
left-hand illustration once again showing the magnitude 
frequency responses of the transfer function and the right 
hand illustration showing the frequency responses of the 
level functions. As mentioned further above, this method is 
used when the Sound system either has only a single Sub 
woofer loudspeaker for low-tone reproduction or has only 
one stereo pair, formed from woofer loudspeakers. 

0141. The following text describes the procedure for 
determination of the cut-off frequencies of the crossover 
filters for the situation in which the sound system comprises 
not only the stereo pair as described above, formed from 
woofer loudspeakers, but at the same time, in addition to 
this, a sub-woofer loudspeaker as well. The method accord 
ing to the invention is in this case dependent on the filter 
cut-off frequencies of the crossover filters for the stereo pair 
that is formed from woofer loudspeakers in this situation 
being calculated in advance and being already available, 
since these are used as input variables for determination of 
the filter cut-off frequencies of the crossover filter for the 
sub-woofer. 

0142. In order to set the filter cut-off frequencies of the 
crossover filter for the sub-woofer loudspeaker, its upper 
cut-off frequency is first of all set as a start value to the value 
of the upper cut-off frequency of the upper crossover filter 
of the woofer loudspeakers, and the already previously 
determined lower filter cut-off frequency is used to deter 
mine the new lower and upper range limits for the permis 
sible filter cut-off frequencies in the same way as that which 
has already been described for the woofer loudspeakers. 

0143. This further restriction to the permissible fre 
quency range of the upper filter cut-off frequencies of the 
crossover filter for the sub-woofer by means of the algo 
rithm, which generally represents a reduction in the fre 
quency range in the direction of lower frequencies is nec 
essary in order to prevent the Sub-woofer from reproducing 
excessively high frequencies. The major object of a Sub 
woofer which is optionally used as a single loudspeaker in 
the Sound system is to reproduce a Sound component in a 
frequency range in which the human hearing cannot carry 
out any spatial location. The range of operation of a Sub 
woofer in this case ideally covers the frequency range up to 
about 50 Hz, with this being dependent on the respective 
installation situation and the characteristics of the area into 
which Sound is intended to be output, so that, in principle, 
it therefore cannot be defined exactly in advance. 

0144. The filter cut-off frequencies of the crossover filters 
for the sub-woofer loudspeaker are now found in a different 
way than would be the case if the sub-woofer were to be the 
only loudspeaker responsible for reproduction of the low 
frequencies of the sound system. In a first step, the Sum 
magnitude frequency responses are in each case determined 
for this purpose with and without inclusion of the sub 
woofer loudspeaker and the corresponding target functions 
are determined for each of these two sum magnitude fre 
quency responses, and the respectively associated difference 
transfer functions are calculated. These are then once again 
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averaged using the described methods and are in each case 
changed to the appropriate level function. 
0145 The top left illustration in FIG. 5 in this case shows 
the magnitude frequency responses of the target function, of 
the difference function as well as of the sum function 
including the sub-woofer and the range limits derived from 
this for the permissible upper and lower spectral range for 
the filter cut-off frequencies of the crossover filters for the 
sub-woofer loudspeaker. The top right illustration in FIG. 5 
in contrast shows the unaveraged and averaged level func 
tions of the differences, in each case with and without a 
sub-woofer. As can be seen from this, the difference function 
is increased by inclusion of the sub-woofer loudspeaker, that 
is to say the discrepancy is undesirably increased. 
0146 The filter cut-off frequencies of the crossover filters 
for the sub-woofer loudspeaker must therefore be changed 
by the algorithm in order once again to achieve a distance 
which is at least just as short from the target function, as was 
the case without consideration of the sub-woofer. This 
iterative method is continued until the system including the 
sub-woofer is at a distance from the target function which is 
at most just as great as was the case previously for the Sound 
system without a sub-woofer. In this case, the difference 
between the sound system without a sub-woofer loud 
speaker, as previously determined in the processing step, and 
the target function is used as a reference for this iteration. 
0147 The resultant magnitude frequency responses after 
successful iteration are illustrated in the bottom left illus 
tration of FIG. 5, and the associated level frequency 
responses are illustrated in the bottom right illustration in 
FIG. 5. This shows how the difference functions with the 
sub-woofer included behave before and after the iteration. 
After carrying out the iteration, the difference function, 
particularly in the upper of the two permissible spectral 
ranges for the filter cut-off frequencies of the crossover 
filters is considerably reduced, as desired, from the state 
before processing of the iteration. 
0.148. Furthermore, a considerably more uniform profile 
of the difference function can now also be achieved overall 
than was previously the case without use of the sub-woofer. 
The reduction in the upper filter cut-off frequency of the 
crossover filter for the sub-woofer makes it possible to 
achieve a sum magnitude frequency response, by carrying 
out the automatic algorithm, whose distance from the target 
function is at the same time reduced and which furthermore 
has a more uniform profile, thus leading to a considerable 
improvement in the transfer function of the Sound system in 
comparison to a Sound system without use of a Sub-woofer. 
0.149 Once all of the cut-off frequencies of the crossover 
filters have been determined using the method described 
above, the complete automatic algorithm of the equalizing 
process is carried out once again, but with the previously 
determined cut-off frequencies of the crossover filters 
remaining fixed, and not being modified again in this 
repeated run. In this case, the impulse responses are deter 
mined using the crossover filters defined in the meantime, 
first of all for all of the individual loudspeakers in the sound 
system, as well as for all the loudspeakers jointly—once 
with and once without a sub-woofer before running 
through the algorithm for automatic equalizing (AutoEQ) 
once again, that is to say once the phase equalizing and 
loudspeaker-specific pre-equalizing have already been car 
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ried out. The associated results are illustrated in FIG. 6. In 
this case, FIG. 6 shows the measured transfer functions for 
the front left and front right individual loudspeakers 
(FrontLeft and FrontRight in FIG. 6), for the left side and 
right side individual loudspeakers (Side left and SideRight 
in FIG. 6), for the rear left and rear right individual loud 
speakers (Rear left and RearRight in FIG. 6), for the woofer 
individual loudspeakers on the left and right (WooferLeft 
and WooferRight in FIG. 6), the centre loudspeaker (Center 
in FIG. 6), the sub-woofer loudspeaker (Sub in FIG. 6), and 
for all of the loudspeakers jointly without any sub-woofer 
loudspeaker (Broadband-Sum+Woofer in FIG. 6) and for all 
of the loudspeakers jointly including a Sub-woofer loud 
speaker (Complete Sum), in this case all in comparison to 
the defined target function (Target Function in FIG. 6). In 
this case, the settings and values determined in the first run 
through the AutoEQ algorithm are likewise used for the 
loudspeaker-specific pre-equalizing filters and for the phase 
equalizing filters. 
0150. In the next step, the process according to the 
“MaxMag method is used to form the optimized sum 
transfer function. The associated result is shown in FIG. 7, 
once again for the frequency range up to about 3 kHz, which 
governs the localization capability and the tonality. 
0151. As can be seen from FIG. 7, the equalizing of the 
sum function which is carried out in this run by the auto 
matic algorithm using the "MaxMag method once again 
produces a better approximation to the target function in 
comparison to the sum function shown in FIG. 6. In this 
embodiment of the algorithm, only the lowest spectral range 
of the transfer function under consideration up to about 30 
HZ exhibits a Somewhat poorer approximation to the target 
function, with discrepancies up to about 3 dB. One major 
reason for this is the embodiment of the FIR filters that are 
used for the equalizing, in this case the FIR filter for the 
Sub-woofer loudspeaker, which, in the present example, was 
limited to a maximum length of 4096 Summation steps or 
sampling points in the calculation, irrespective of the fre 
quency. 

0152 An increase in the number of summation steps for 
approximation of the FIR filter while at the same time 
increasing the requirement for memory and computation 
complexity in the digital signal processor in order to 
improve the approximation to the target function at very low 
frequencies is possible at any time, and when desired also 
for FIR filters at higher frequencies. Since the effect of 
limiting the length of the FIR filters in the present case 
slightly affected only the frequency range below 30 Hz, 
however, this maximum length of 4096 calculation steps 
was also retained subsequently for all the FIR filters. 
0153. The following text describes the procedure for 
measurement of the impulse responses of the sound system 
and the procedure for formation of the sum functions of the 
transmission frequency responses and of the associated level 
profiles as a function of the frequency. In this case, the left 
illustration in FIG. 8 shows the principle for the measure 
ments of the binaural transfer functions for the front left and 
front right positions in the passenger compartment, using the 
example of the centre loudspeaker C, which in this case 
represents an example of the presentation of mono signals. 
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Furthermore, the left illustration in FIG. 8 shows the two 
front left FL Pos and front right FR Pos measurement 
positions and, associated with them, the positions simulated 
by the measurement microphones for the left ear Land the 
right ear R in each case at these measurement points. In this 
case, the transfer function from the centre loudspeaker C to 
the left ear position L of the front left measurement position 
FL Pos is annotated H FL Pos CL, and the transfer func 
tion from the centre loudspeaker C to the right ear position 
R of the front left measurement position FL. Pos is anno 
tated H FL Pos CR, the transfer function from the centre 
loudspeaker C to the left ear position L of the front right 
measurement position FR Pos is annotated H FR Pos CL, 
and the transfer function from the centre loudspeaker C to 
the right ear position R of the front right measurement 
position FR Pos is annotated H FR Pos CR. As mentioned 
initially, the localization of mono signals depends essentially 
on inter-aural level differences IID and inter-aural delay 
time differences ITD, which are formed by the transfer 
functions H FL Pos CL and H FL Pos CR on the left 
front seat position, and by the transfer functions H FR Po 
s CL and H FR Pos CR on the right front seat position, 
respectively. 

0154) In contrast, the right-hand illustration in FIG. 8 
shows the principle of the measurements of the binaural 
transfer functions for the front left and front right positions 
in the passenger compartment, using the example of the 
front loudspeaker pair FL (front left loudspeaker) and FR 
(front right loudspeaker), which in this case represent 
examples of the presentation of Stereo signals. Furthermore, 
the right-hand illustration in FIG. 8 once again shows the 
two measurement positions, front left FL Pos and front right 
FR Pos, as well as the associated positions which are 
modelled by the measurement microphones respectively for 
the left ear Land the right ear Rat these measurement points. 
In this case, the transfer function from the front left loud 
speaker FL to the left ear position L at the front left 
measurement position FL Pos is annotated H FL Pos 
FLL, the transfer function from the front left loudspeaker 
FL to the right ear position R at the front left measurement 
position FL. Pos is annotated H FL Pos FLR, the transfer 
function from the front left loudspeaker FL to the left ear 
position L of the front right measurement position FR Pos 
is annotated H FR Pos FLL, the transfer function from the 
front left loudspeaker FL to the right ear position R at the 
front right measurement position FR PoS is annotated 
H FR Pos FLR, the transfer function from the front right 
loudspeaker FR to the left ear position L at the front left 
measurement position FL Pos is annotated H FL Pos 
FRL, the transfer function from the front right loudspeaker 
FR to the right ear position R at the front left measurement 
position FL. Pos is annotated H FL Pos FRR, the transfer 
function from the front right loudspeaker FR to the left ear 
position L of the front right measurement position FR Pos 
is annotated H FR Pos FRL, and the transfer function from 
the front right loudspeaker FR to the right ear position R at 
the front right measurement position FR Pos is annotated 
H FR Pos FRR. The transfer functions for the further 
loudspeaker groups, which are arranged in pairs and com 
prise the woofer, the loudspeakers arranged at the side and 
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the rear loudspeakers, are obtained in a corresponding 
manner. The addition of the Sum transfer functions and Sum 
levels resulting from these transfer functions and the weight 
ings of the measurement points, for the complete Sum 
transfer function of the Sound system, can easily be derived 
from the exemplary description of the situations for mono 
signals and stereo signals shown in FIG. 8, and will therefore 
not be described in detail here. 

0155 As already mentioned further above, the respective 
binaural transfer functions in the form of impulse responses 
of the Sound system and of its individual loudspeakers and 
loudspeaker groups are, however, measured not only at the 
two front seat positions but also at the two rear positions, in 
the case of a vehicle which has a second row of seats. The 
algorithm can be extended to, for example, the seat positions 
in a third row of seats, for example as in minibuses or vans, 
by appropriate distribution of the weighting of the compo 
nents for the seat positions at any time. However, the 
invention is not restricted to vehicle interior but is also 
applicable with all kinds of rooms, for example living 
rooms, concert halls, ball rooms, arenas, railway stations, 
airports, etc. as well as under open air conditions. 
0156 For all of the embodiments, it can be stated in this 
case, that the large number of measured transfer functions of 
a single loudspeaker must be combined at the left and right 
ear positions at the respective seat positions to form a 
common transfer function, in order to obtain a single rep 
resentative transfer function for each individual loudspeaker 
in the sound system, for processing in the algorithm for 
automatic equalizing. In particular, the weighting with 
which the transfer functions at the various seat positions are 
in each case included in the addition process for the transfer 
function, can in this case be chosen differently depending on 
the vehicle interior (vehicle type) and preference for indi 
vidual seat positions. 
0157 By way of example, the following text describes a 
procedure which has been used in the course of the inves 
tigations relating to the present invention, although the 
algorithm according to the invention is not restricted to this 
procedure. As described further above, for the addition of 
the transfer functions to form the overall transfer function of 
an individual loudspeaker, the respective components at the 
various seat position are weighted, to be precise, both for the 
magnitude frequency response and for the phase frequency 
response, at the various seat positions. The annotations for 
a vehicle interior with two rows of seats are in this case as 
follows: 

0158 C. a the weighting of the component of the 
magnitude frequency response at the front left seat 
position, 

0159 B the weighting of the component of the mag 
nitude frequency response at the front right seat posi 
tion, 

0.160 y the weighting of the component of the magni 
tude frequency response at the rear left seat position, 

0.161 Ö the weighting of the component of the mag 
nitude frequency response at the rear right seat posi 
tion, 

0162 e the weighting of the component of the phase 
frequency response at the front left seat position, 
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0.163 db the weighting of the component of the phase 
frequency response at the front right seat position, 

0.164 (p the weighting of the component of the phase 
frequency response at the rear left seat position, 

0.165 m the weighting of the component of the phase 
frequency response at the rear right seat position. 

0166 In this case, C=0.5, B=0.5, y=0 and Ö=0 are used for 
the weighting of the components of the magnitude frequency 
response for the examples described in the following text 
and e=1.0, db=0, (p=0 and m=0, are used for the weighting for 
the components of the phase frequency response, that is to 
say that, in this example, only the measurements of the two 
front positions are used with the same weighting (in each 
case 0.5) for the calculation of the resultant magnitude 
frequency response, and the measurements for the driver 
position (generally front left, as here) are used on their own 
for determination of the resultant phase frequency response. 
The hearing tests carried out showed that it was possible to 
achieve very good results at all seat positions even with this 
very rough weighting, but in principle the automatic algo 
rithm is designed for any desired distribution of the weight 
ings and, since hearing tests with a statistically significant 
number of test Subjects at all seat positions are highly 
time-consuming, the improvements in the hearing impres 
sion which can be achieved beyond this will be the subject 
matter of future investigations. It should be noted that the 
Sum of all the weightings of the transmission frequency 
responses and of the phase frequency responses at the 
various seat positions in each case results in the value unity, 
irrespective of the number of seat positions to be measured. 

0.167 The combination of all of the transfer functions for 
all of the positions in the case of the centre loudspeaker C 
(mono signal) for the microphone which in each case 
represents the left ear is accordingly: 

a : H FL Pos CL + 3: H FR Pos CL + 
y: H RL Pos CL + 6: H RR Pos CLI: 

e: H FL Pos CL + (5 : 
ei: | H FR Pos CL + p : H RL Pos CL + 

n: H RR Pos CL 

H CL = 

and for the microphone which in each case represents the 
right ear: 

a : H FL Pos CR + f8: H FR Pos CR + 
y: H RL Pos CR + 6 : H RR Pos CR: 

e: H FL Pos CR + (5 : 
ei: I H FR Pos CR + p : H RL Pos CR + 

H CR = 

n: H RR Pos CR 
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0168 The combined transfer functions determined in this 
way for the left and right microphones over all seat posi 
tions, in this case four seat positions, which correspond to 
the transfer functions added in a weighted form for the left 
and right ears, that is to say H CL and H CR, are then 
transformed from the frequency domain to the time domain 
using an inverse Fourier transform (IFFT) in which case 
only its real part is of importance here: 

h CL = Re IFFTH CL}} and h CR = Re IFFTH CR}} 

0169. In the next step, these real impulse responses are 
transformed back from the time domain to the frequency 
domain using the Fourier transform (FFT), and are then 
combined to form a transfer function of the H C of the 
centre loudspeaker C: 

H CL = FFT{h CL and H CR = FFT{h CR} - H C = H CL+H CR 

0170 Furthermore, in the case of the loudspeaker pair 
comprising the front loudspeakers FL and FR (Stereo signal), 
the combination of all the transfer functions of all the 
positions for the microphone which represents the left ear in 
each case and for the left front loudspeaker FL is: 

a : H FL Pos FLL + f3: H FR Pos FLL + 
y: H RL Pos FLL + 6: H RR Pos FLL : 

e: H FL Pos FLL + (5 : 
ei: | H FR Pos FLL+ sp: H RL Pos FLL + 

n: H RR Pos FLL 

H FLL = 

and for the microphone which in each case represents the 
right ear and the left front loudspeaker FL 

a : H FL Pos FLR + f3: H FR Pos FLR + 
y: H RL Pos FLR + 6: H RR Pos FLR: 

e: H FL Pos FLR + (5 : 
ei: | H FR Pos FLR + p : H RL Pos FLR + 

H FLR = 

n: H RR Pos FLR 

and for the microphone which in each case represents the left 
ear, and the right front loudspeaker FR 

a : H FL Pos FRL + 3: H FR Pos FRL + 
y: H RL Pos FRL + 6: H RR Pos FRL: 

H FRL = e: H FL Pos FRL + (5 : 
ei: | H FR Pos FRL + p : H RL Pos FRL + 

n: H RR Pos FRL 
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and for the microphone which in each case represents the 
right ear and the right front loudspeaker FR 

a : H FL Pos FRR + p3: H FR Pos FRR + 
y: H RL Pos FRR + 6: H RR Pos FRR: 

H FRR = e: H FL Pos FRR + (5 : 
ei: I H FR Pos FRR + p : H RL Pos FRR + 

n: H RR Pos FRR 

0171 The combined transfer functions determined in this 
way for the left and right microphones are then transformed 
from the frequency domain to the time domain using the 
inverse Fourier transform (IFFT) over all seat positions, in 
this case four seat positions, which correspond to the transfer 
functions added in a weighted form for the left and right ear 
for the respective FL and FR loudspeakers, that is to say 
H FLL, H FLR, H FRL and H FRR, in which case, once 
again, only their real part is of importance here: 

h FLL = Re IFFTH FLL}}; h FLR = Re IFFTH FLR}}; 

h FRL = Re IFFTH FRL}}; h FRR = Re IFFTH FRR}} 

0.172. In the next step, these real impulse responses are 
once again transformed from the time domain to the fre 
quency domain using the Fourier transform (FFT), and are 
then combined to form a respective transfer function H FL 
and H FR for the left loudspeaker FL and for the right 
loudspeaker FR, respectively: 

H FLL = 

FFT{h FLL und H FLR = FFT{h FLR} - H FL = H FLL+H FLR 

and 

H FRL = 

FFT{h FRL) und H FRR = FFT{h FRR} - H FR = H FRL +H FRR. 

0173 As the above formulae show, both phase compo 
nents and magnitude components of the transfer function for 
each seat position in the passenger compartment of a motor 
vehicle can be included in the formation of the transfer 
functions which result in the end, depending on the chosen 
weighting. In this case, a number of different weightings 
have already been used in the investigations relating to this 
invention application, and these have led to the following 
provisional discoveries. Any such weighted Superimposition 
of the phase frequency responses over more than one seat 
position always resulted in a deterioration, in some cases a 
considerable deterioration, in the received acoustics in the 
vehicle. Furthermore, this deterioration was generally evi 
dent at every listening position, and was therefore not 
position-dependent. 

0.174 For this reason, in the further investigations so far 
of the phase frequency response, the resultant, loudspeaker 
dependent transfer function was made dependent exclu 
sively on the measurements at the driver's position (gener 
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ally front left), to be precise by combination of the phase 
frequency responses of the left and right microphones. None 
of the other phase frequency responses of the other seat 
positions were included. This stipulation was made in order 
initially to restrict the amount of effort associated with this, 
and in particular that relating to the hearing tests with a 
significant number of test subjects. More detailed investi 
gations will have to be carried out relating to this in order to 
determine whether other constellations (weightings) of the 
Superimposition of the phase frequency responses cannot be 
found which lead to a further improvement in the hearing 
impression. For example, one approach would be to use a 
position in the centre of the passenger compartment or else 
the position between the two front seats as the only point for 
recording the impulse responses for calculation of the equal 
izing filters for the phase response. 

0175. A different impression was gained in the formation 
of the added magnitude frequency response. Because the 
AutoEQ algorithm is processed on a loudspeaker-specific 
basis and no longer in pairs, attention must now be paid to 
the symmetry between the left and right hemisphere in the 
formation of the resultant magnitude frequency response, 
that is to say the weighting values of the left measurement 
positions must correspond to those of the right measurement 
positions, in order to maintain this symmetry. 

0176). In this case, although a uniform weighting for all of 
the measurement positions would produce a good acoustic 
result, an even better result, however, has been achieved by 
using only the two front measurement positions in order to 
form the resultant magnitude frequency response. However, 
in this case as well, it is possible to achieve an even better 
result by also including the measurements of the rear posi 
tions, by means of suitable weighting in the formation of the 
resultant magnitude frequency response (for example 
C=0.35, B=0.35, Y=0.15 and Ö=0.15). 

0177. Once the measurements as described above have 
been combined binaurally for each loudspeaker over all of 
the seat positions, the resultant transfer functions of the 
individual loudspeakers are split into their real and imagi 
nary parts. For the present examples, this means, in the case 
of the mono signal from the centre loudspeaker C: 

ReC=Re{H C} and ImC=Im{H C} 

and for the stereo signal from the loudspeakers FL and FR: 

0178 The respective phase frequency response of the 
respective loudspeakers are then determined from the real 
and imaginary parts, and the real and imaginary parts are 
then changed such that a desired phase shift of 0° is always 
achieved, that is to say purely real signals are produced. For 
the example of the mono signal (loudspeaker C), this means 
that the phase response of the signal of the loudspeaker C 
becomes: 

Phase C = -arctan(ImCld fReCld) 

and accordingly 
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-continued 
ImC 

ReCW = W ReC + ImCl 3: costarct Ait -- Phasec ReCAt 
ImC 

ImCNew = w ReCu + ImCit. : sin arctant Ait -- Phasec ReCAt 

the new real and imaginary parts are obtained, which now 
have a phase shift of 0° over a broad bandwidth. A corre 
sponding situation applies to the example of the stereo 
signal: 

PhaseFL = -arctan(ImFLtd (ReFLtd) 

Phase FR = -arctan(ImFR, f ReFR) 

and accordingly 

2 2 ImFLA ReFLN = WReFL + ImFL a costarctant ) -- PhaseFL) 
Ait 

2 2 ImFLA 
ImFLNew = WReFL + ImFLát 3: sinlarctant ReFLA ) -- PhaseFL) t 

2 2 ImFRA 
ReFRN = V ReFR + ImFR. 3. costarctan(E ) -- PhaseFR) 

t 

2 2 ImFRA 
ImFRN = V ReFR + ImFRig 3 sinfarctant, ) -- PhaseFR) t 

0179. Following these processing steps (equalizing of the 
phases) of the automatic algorithm, which has been 
described in more detail above, for equalizing of a Sound 
system (AutoEQ) the pre-equalizing process is now carried 
out, as before, whose basic procedure is Summarized as 
follows: 

0180 1.) Smoothing of the magnitude frequency 
response (preferably non-linearly with averaging over '/8 
third) of the respective loudspeaker. 

0181 2.) Scaling of the target function with respect to the 
already Smooth, individual magnitude frequency 
response. In this case, the Scaling factor of the target 
function is not calculated over a broadbandwidth, but is 
determined within a predetermined frequency range 
which is predetermined by the lower limit of f=10 Hz 
and the upper limit of f=3 kHz and the respective limits 
for the associated, already determined and adjusted cross 
over filters. 

0182. 3.) Determination of the distance between the indi 
vidual, Smoothed magnitude frequency response and the 
target function scaled onto it, before calculation of the 
pre-equalizing. 

0183 4.) Calculation of the pre-equalizing, which corre 
sponds to the inverse profile of the difference between the 
scaled target function and the Smoothed magnitude fre 
quency response. In this case, the profile of the target 
function is restricted at the top and bottom ends corre 
sponding to the maximum permissible increase and 
decrease if some of the values should overshoot or 
undershoot these range limits. 

0.184 5.) Renewed calculation of the distance as in 3.), 
after application, however, of the pre-equalizing, as cal 
culated in 4.), to the magnitude frequency response. 
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0185. 6.) Adoption of the filter coefficients of the pre 
equalizing for those frequencies in which the magnitude 
of the distance after application of pre-equalizing is less 
than the distance as determined in 3.) before application 
of the pre-equalizing. 

0186 7.) Optional smoothing (preferably non-linearly 
with, for example, /s third filtering) of the magnitude 
frequency response determined by the pre-equalizing. 

0187 8.) Transformation of the spectral FIR filter coef 
ficient sets from the pre-equalizing to the time domain 
with the aid of the “frequency sampling method, and 
optional restriction of the length of the FIR filter coeffi 
cients in the time domain, with Subsequent transformation 
back to the spectral domain. 

0188 9.) Determination of the crossover filter cut-off 
frequencies of the broadband loudspeakers and, option 
ally, initial allocation of the narrowband crossover filter 
cut-off frequencies. 

0189 10.) Storage of the individual pre-equalizing filter 
coefficient sets and, as previously determined, of the 
respective crossover filter cut-off frequencies. 

0190. Once the pre-equalizing filters have been calcu 
lated and stored and, if desired, the filter cut-off frequencies 
of the crossover filters as well as the individual values for the 
channel gain have been calculated and applied, the Sum 
transfer function is calculated on the basis of the real and 
imaginary parts before the equalizing of the Sum transfer 
function is then carried out using the “MaxMag method, as 
described in the following text: 
0191) 1.) Smoothing of the sum magnitude frequency 
response (preferably non-linearly with /s third filtering). 

0192 2.) Scaling of the target function with respect to the 
already Smoothed sum magnitude frequency response. In 
this case, the Scaling factor for the target function is not 
calculated over the entire audio spectral range but is 
determined within a predetermined frequency range, 
which is predetermined by the lower limit of f=10 Hz 
and the upper limit off=3 kHz, and the respective limits 
for the associated, already determined and adjusted cross 
over filters. 

0193 The following calculation steps as a loop over the 
frequency (0-f-fs/2): 

0194 3.) Renewed calculation of the current sum transfer 
function based on the real and imaginary parts at the 
frequency f. 

0.195 4.) Determination of the current distance between 
the Sum transfer function and the target function at the 
point f. 

0196) 5.) Resetting of the previous minimum distance, 
setting the distance to the new distance as determined in 
4.), and incrementation of the counter (loop over fre 
quency f). 

Iteration: 

0197) 6.) Calculation of all the filters for magnitude 
equalizing, based on the previously determined filters of 
the pre-equalizing at the frequency f. 
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0198 7.) Limiting of the filters for the magnitude equal 
izing to the permissible raising and lowering range. 

0199 8.) Calculation of the individual magnitudes, and of 
the respective distances to the target function at the 
frequency f. 

0200 9.). After exclusion of all those values from the 
equalizing which have already reached the predetermined 
limits for raising or lowering, the search is carried out for 
that magnitude value with the maximum magnitude and 
the maximum distance. 

0201 10.) The individual loudspeaker which has the 
greatest distance and which, when its magnitude equal 
izing is changed at the point f, thus leads to the expecta 
tion of the maximum reduction in the distance of the Sum 
transfer function in the direction of the target function, is 
then selected, and the associated function of the magni 
tude equalizing is modified at the relevant frequency f so 
that this leads to the desired reduction in the distance. 

0202 11.) The sum transfer function on the basis of the 
magnitude and phase is then calculated once again using 
the current parameters for the magnitude equalizing and 
then the calculation of the new difference between the 
previous distance and the distance determined in the 
current iteration step takes place. If the difference between 
the previous distance and the current distance is below a 
specific predetermined threshold value in this case, the 
iteration is finished. In any case, the iteration is terminated 
at the latest after carrying out a specific, predetermined 
number of iterations (for example 20), in order to avoid 
endless loops. 

0203) 12.) Finally, the newly calculated distance is set as 
the current distance, and the process continues with the 
next iteration step. 

0204. Once the iteration of the equalizing of the sum 
transfer function has been ended, the filters which have been 
modified in the course of the iteration process are optionally 
Smoothed again for the pre-equalizing (preferably matched 
to the hearing, non-linearly, for example with /s third 
filtering), are then transformed to the time domain using the 
“frequency sampling method, and finally optionally have 
their length limited before being transformed back to the 
spectral domain, in this way resulting in the final filters for 
the magnitude equalizing. The FIR filters for the equalizing 
of the phases are in this case determined using the following 
method. 

0205 The profile of the filters for the equalizing of the 
phases is calculated individually for each loudspeaker to be: 

PhaseEO=-arctan(Im/Re) 

0206. This profile is broken down again, after optional 
Smoothing, into its real and imaginary parts: 

RePhaseEO=cos(PhaseEO) and ImPhaseEQ=sin(Pha 
seEO) 

0207. The spectra are then extended symmetrically on 
their two sideband spectrum, thus resulting in a real FIR 
filter being produced in the time domain: 

RePhaseEO=RePhaseEQRePhaseEO(end-1:-1:2) 
and 

ImPhaseEO=ImPhaseEQ-ImPhaseEO(end-1:-1:2) 
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0208. The (complex) transfer function is then calculated 
from the real and imaginary parts: 

HPhaseEO=RePhaseEO-tiImPhaseEO. 

0209. In order to obtain a causal all-pass FIR filter, the 
filter has to be superimposed with a modelling delay, which 
ideally has half the FIR filter length: 

H PhaseEQ=H PhaseEQ*H Delay 

where H Delay =FFT(Delay) and Delay=1, 0, 0,..., 0. 
and has a length which corresponds to half the length of the 
FIR filter for the equalizing of the phases. The transfer 
function which has been modified in this way is once again 
transformed to the time domain, with its real part corre 
sponding to the FIR filter coefficients of the filter for the 
equalizing of the phases: 

0210 Convolution with the previously calculated filters 
for the equalizing of the magnitude frequency response 
finally results in the non-linear, loudspeaker-specific FIR 
filters for the equalizing, which are used both for the 
equalizing of the phases and for the equalizing of the 
magnitude frequency response of the Sound system. 

0211 For a high symmetry and a high acoustical sound 
quality for a given listening position, a position specific 
equalizing may be based only on Sound picked up in said 
position in view of only those loudspeaker positions which 
are relevant for said listening position. Further, channel 
(group) specific equalizing is applied in each position to the 
effect that only adjacent loudspeaker positions are used for 
the equalization in order to maintain symmetry. Thus, there 
are separate calculations for the front and rear positions. The 
front channels may include, e.g., the front left and right 
channels (FL, FR) as well as the center speaker. Those 
speakers are only relevant for the front left and front right 
listening positions with respect to cross-over frequency, 
gain, amplitude, and phase. Accordingly, the left and right 
speakers in the rear are only used for the rear listening 
positions. However, all positions are influenced by the sound 
from the woofer. FIG. 9 shows in a diagram an exemplary 
spectral weighting function for measurements at different 
positions (FL Pos+FR Pos+RL Pos+RR Pos)/4 and 
(FL Pos+FR Pos)/2 over frequency. 

0212. As can be seen from FIG. 10, the sound levels may 
vary depending on the particular position and frequency. 
Improvements addressing this situation may be reached by 
a bass management system. Measurements showed that 
problems especially with woofers and Subwoofers arranged 
in the rear of a car occur in a frequency range of 40 Hz to 
90 HZ which corresponds to a wave length of one half of the 
length of a vehicle interior indicating that this is because of 
a standing wave. In particular, measurements of the 
unsigned amplitude over frequency showed that the 
unsigned amplitude at the front seats are different from the 
ones at the rear seats, i.e., at the rear seats a maximum and 
at the front seats a minimum may occur. The difference 
between front and rear seats may be up to 10 dB especially 
if the subwoofer is arranged in the trunk of a car (see FIG. 
11). Although a different position, e.g., under the front seats, 
of the subwoofer may provide some improvement, the bass 
management system according improves the Sound even 
more, not only in view of the front-rear mode but also the 
left-right mode. The bass management system of the present 
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invention creates the same or at least a similar Sound 
pressure at different locations by, i.a., adapting the phase 
over frequency for one or more of the low frequency 
loudspeakers. If this successfully took place, it is no problem 
to adapt the amplitude over frequency to the target function, 
since all loudspeakers only have to be weighted with an 
overall amplitude equalizing function to get amplitude over 
frequency being equal to the target function at all positions. 

0213 However, it is difficult to adapt the phases such that 
the sound levels at different positions are almost the same. 
A major problem is to find an appropriate cost function to be 
minimized subsequently. For example, the level over fre 
quency of one position or the average level over frequency 
of all positions may be taken as a reference wherein Subse 
quently the distance of each individual position to the 
reference is determined. The individual distances are added 
leading to a first cost function which stands for the overall 
distance from the reference mentioned above. To minimize 
the first cost function, it is investigated what phase shift has 
what influence to the cost function. 

0214) A very simple approach is to choose a first group of 
loudspeakers (which may be only one loudspeaker) or a first 
channel serving as the reference to which a second group of 
loudspeakers (which also may be only one loudspeaker) or 
a second channel is adapted in terms of phase Such that the 
cost function is minimized. Investigating the influence of the 
phase shift (0° to 360°) of the second channel to the cost 
function at an individual frequency, a cost function over 
phase is derived which shows the dependency of the dis 
tance from the phase. Determining the minimum of this cost 
function leads to the phase shift that has to be applied to the 
respective group or channel in order to reach a maximum 
reduction of the cost function and, accordingly, a maximum 
equalization of the sound levels of all positions. 

0215 However, the steps described above may result in 
an undesired overall reduction of the sound level. To over 
come this problem, another condition is introduced which 
effects not only the same sound level at each position but 
also the maximum overall sound level possible. This is 
achieved by taking the reciprocal function of the mean 
position sound level for Scaling the above-mentioned dis 
tance wherein the scaling is adjustable by means of a 
weighting function. 

0216) As shown in FIG. 12, with a 0° phase shift at 7o HZ 
there is a huge difference between the front positions and the 
rear positions. Introducing an additional phase shift, the 
level at each position decreases further, however, the levels 
are equalized. The behaviour of such so-called inner dis 
tance, i.e., the cost function for a maximum adaptation of all 
listening positions, has its minimum at a phase shift of about 
180°. The curve depicted as MagMean represents the aver 
age level of all positions. Inverting and weighting the 
MagMean function by, e.g., a factor 0.65, and adding the 
inner distance weighted by a complementary factor 0.35 
(=1-0.65) leads to a new inner distance InnerDistanceNew 
which finally is the cost function to be minimized. FIG. 12 
illustrates how the cost function is changed by changing the 
mean sound pressure level. In the example of FIG. 12 the 
optimum phase shift is not changed since the original cost 
function and the modified cost function have their overall 
minimum at the same position. By the modification 
described above, beside a good amplitude equalization at all 
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positions and a maximum level also a more even phase 
equalization can be achieved. 

0217. However, the above measures may lead to a very 
discontinuous phase behaviour which requires a very long 
FIR filter length. The problem behind can better be seen 
from a three-dimensional illustration like the one shown in 
FIG. 13 where the cost functions of FIG. 12 are arranged 
side by side resulting in a “mountain’-like three-dimen 
sional structure representing the cost function of one loud 
speaker (or one group of loudspeakers) as inner distance 
(InnerDistance db) over phase degree and frequency 
HZ). FIG. 14 illustrates the corresponding equalizing phase 
frequency response for the front right loudspeaker with 
respect to the reference signal. 

0218. In order to reach an even more straight, more 
continuous curve in said “mountains, and in particular to 
achieve a very continuous phase behaviour, the phase shift 
per frequency change (e.g., 1 Hz) may be restricted to a 
certain maximum phase shift, e.g., it 10°. For each Such 
restricted phase shift range the local minimum is determined 
for each frequency (e.g., 1 Hz steps) which then is used as 
a new phase value in the phase equalization process. The 
results can be seen from the three-dimensional illustration in 
FIG. 13 where the maximum phase shift per frequency 
change is restricted to +10 per frequency step. FIG. 16 
illustrates the corresponding equalizing phase-frequency 
response for the front right loudspeaker with respect to the 
reference signal. 
0219. As already mentioned, the restriction of the maxi 
mum phase shift per frequency change leads to a flat phase 
response such that already existing FIR filters as, for 
example, the one used for the other equalizing purposes, are 
applicable. Such FIR filter may comprise only 4096 taps at 
a sample frequency of 44.1 kHz. The results are illustrated 
in FIG. 17. As can be seen, even a short filter shows already 
a good approximation to the desired behaviour (original). 
0220. Upon determining the phase equalizing function 
for an individual loudspeaker, Subsequently a new reference 
signal is derived through Superposition of the old reference 
signal with the new phase equalized loudspeaker group (or 
channel). The new reference signal serves as a reference for 
the next loudspeaker to be investigated. Although each 
group of loudspeakers (or channel) can be used as a refer 
ence the front left position may be preferred since most car 
Stereo systems will have a loudspeaker in this particular 
position. 

0221 FIG. 18 illustrates the sound pressure levels over 
frequency at four positions in the interior of a vehicle with 
the already mentioned difference between front and rear 
seats. FIG. 19 shows the sound pressure levels over fre 
quency upon filtering the respective electrical sound signals 
according to the above mention method using the phase 
equalizing function with no phase limitation. FIG. 20 illus 
trates the case of applying Such a phase limitation of it 10 
per frequency step. FIG. 21 shows the performance of the 
bass management system as Sound pressure level over 
frequency using a FIR filter with 4096 taps. 
0222 Apparently, all kinds of bass management systems 
discussed above create similar situations for each of the 
positions with frequencies below 150 Hz with no decrease in 
the average sound pressure level. Further, only above 
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approximately 100 Hz, there is a significant difference 
between the cases of having a phase limitation or not. 
Finally, there is no significant difference between the theo 
retically optimum behaviour (FIG. 20) and the behaviour of 
an approximation thereof by a 4096 taps FIR filter (FIG. 21). 
0223. Upon such phase equalization filtering, a reference 

is derived from the average amplitude over frequency of all 
positions under investigation. Said reference is then adapted 
to a target function by means of an amplitude equalization 
function which is the same for all positions to be investi 
gated. The target function may be, for example, the manually 
modified sum amplitude response of the auto equalization 
algorithm that, in turn, follows automatically its respective 
target function. The resulting target function for the bass 
management system is depicted “Target' in FIGS. 22 and 
23. By Subtracting the target function from the average 
amplitude response of all positions a global equalizer func 
tion (FIG. 23: “original) is derived. In order to avoid a 
decrease in the low frequency range by this measure, the 
global amplitude equalizing function (FIG. 2: “half wave 
rectified') is applied to compensate for the decrease. FIG. 24 
shows as a result the transfer functions of the sums of all 
speakers at different positions after phase and global ampli 
tude equalization. 

0224. Although FIR filters in general have been used in 
the examples above, all kind of digital filtering may be used. 
However, emphasis is put to minimal phase FIR filters which 
showed the best performance, particularly, in view of the 
acoustical results as well as the filter length. 
0225 FIG. 25 illustrates the signal flow in a system 
exercising the methods described above. In the system of 
FIG. 25, two stereo signal channels, a left channel L and a 
right channel R., are Supplied to a Sound processor unit SP 
generating five channels thereof. Said five channels are a 
front right channel FR, a rear right channel RR, a rear left 
RL, a front left channel FL, and a woofer and/or sub-woofer 
channel LOW. Each of said five channels is supplied to a 
respective equalizer unit EQ FR, EQ RR, EQ RL, EQ FL, 
and EQ LOW for amplitude and phase equalization. The 
equalizer units EQ FR, EQ RR, EQ RL, EQ FL, and 
EQ LOW are controlled via a equalizer control bus 
BUS EQ by a control unit CONTROL which also performs 
the basic Sound analysis for controlling other units of the 
system. The equalizer units EQ FR, EQ RR, EQ RL, 
EQ FL, and EQ LOW comprise preferably minimal phase 
FIR filters. 

0226. Such other units are, e.g., controllable crossover 
filter units CO FR, CO RR, CO RL, and CO FL having a 
controllable crossover frequency and being connected 
downstream of the respective equalizer units EQ FR, 
EQ RR, EQ RL, and EQ FL for splitting each respective 
input signal into two output signals, one in the high fre 
quency range and the other in the mid frequency range. The 
signals from the crossover filter units CO FR, CO RR, 
CO RL, and CO FL are supplied via respective controllable 
switches S FR H, S RR H, S RL, H, S FL, H, S FR M, 
S RRM, S RLM, and S FLM as well as controllable 
gain units G FR. H. G. RR H, G RL. H. G. FL. H. 
G FR M. G. RR M. G. RL M, and G FL M to loudspeak 
ers LS FR H, LSRR H, LS RL. H. LS FL H, 
LS FR M, LSRR M, LS RLM, and LS FL. M. The 
signal from the equalizer unit EQ LOW is supplied via two 
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controllable switches S. LOW1 and S LOW2 as well as 
respective controllable gain units G. LOW1 and G LOW2 
to (sub-)woofer loudspeakers LS LOW1 and LS LOW2. 
The controllable switches S FR H, S RR H, S RL H, 
S FL, H, S FR M, S RRM, S RLM, SFL M, 
S LOW1, S. LOW2 and the controllable gain units 
G FR H, G RR H, G RL, H, G FL, H, G FR M, 
G RR M, G RLM, G FL M, GLOW1, G_LOW2 are 
controlled by the control unit CONTROL via control bus 
BUS S or BUS G, respectively. 
0227 For sound analysis, two microphones MIC L and 
MIC R are arranged in a dummy head DH which is located 
in the room where the loudspeakers are located. The signals 
from the microphones MIC L and MIC Rare evaluated as 
described herein further above wherein, during the analysis 
procedure, a certain group of loudspeakers (including 
groups having only one loudspeaker) may be switched on 
while the other groups are switched of by means of the 
controlled switches S FR H, S RR H, S RL H, S FL H, 
S FR M. S. RR M, S RLM, SFL. M. S. LOW1, 
S LOW2. The groups may be switched on sequentially 
according to a given sequence or dependant on the deviation 
from a target function. 
0228. Although various examples to realize the invention 
have been disclosed, it will be apparent to those skilled in the 
art that various changes and modifications can be made 
which will achieve some of the advantages of the invention 
without departing from the spirit and scope of the invention. 
It will be obvious to those reasonably skilled in the art that 
other components performing the same functions may be 
suitably substituted. Such modifications to the inventive 
concept are intended to be covered by the appended claims. 
Although only shown in connection with AutoEQ, e.g., the 
adaptation method of the crossover frequencies and the bass 
management method may be each used in a stand alone 
application or in connection equalizing methods as well. 

1. A Method for adjusting a Sound system to a target 
Sound, wherein the Sound system having at least two groups 
of loudspeakers Supplied with electrical sound signals to be 
converted into acoustical Sound signals; said method com 
prising the steps of 

individually supplying each group with the respective 
electrical Sound signal; 

individually assessing the deviation of the acoustical 
Sound signal from the target Sound for each group of 
loudspeakers; and 

adjusting at least two groups of loudspeakers to a mini 
mum deviation from the target Sound by equalizing the 
respective electrical Sound signals supplied to said 
groups of loudspeakers. 

2. The method of claim 1 wherein each acoustical sound 
signal comprises a phase and an amplitude; said phase and 
amplitude are processed and equalized independently from 
each other. 

3. The method of claim 1 or 2 wherein at least one group 
of loudspeakers comprises only one loudspeaker. 

4. The method of claim 1, 2, or 3 wherein at least one 
group of loudspeakers comprises more than one loud 
speaker. 

5. The method of one of claims 1-4 wherein each loud 
speaker is arranged at a respective position and radiates the 
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respective acoustical Sound signal in a respective frequency 
range; at least one loudspeaker differs from the other loud 
speaker(s) by the position and/or the frequency range and/or 
the electrical sound signal channel; and each group of 
loudspeakers comprises only a loudspeaker or loudspeakers 
arranged in a certain area and/or having a certain frequency 
range. 

6. The method of claim 5 wherein at least one group of 
loudspeakers comprises a loudspeaker or loudspeakers 
arranged in the front left, front right, rear left, or rear right 
position. 

7. The method of claim 5 or 6 wherein at least one group 
of loudspeakers comprises a loudspeaker or loudspeakers 
arranged in a higher or lower position. 

8. The method of claim 5, 6, or 7 wherein at least one 
group of loudspeakers comprises a loudspeaker or loud 
speakers radiating the respective acoustical Sound signals in 
a higher frequency range, in a mid-frequency range, a lower 
frequency range, or a very low frequency range. 

9. The method of one of claims 1-8 wherein the step of 
adjusting a group of loudspeakers to a minimum deviation 
from the target Sound takes place when the respective group 
is Supplied with the respective electrical sound signal. 

10. The method of one of claims 1-8 wherein the step of 
adjusting the groups of loudspeakers to a minimum devia 
tion from the target Sound takes place after the deviations of 
all groups have been assessed. 

11. The method of one of claims 1-10 wherein the groups 
of loudspeakers are adjusted sequentially to minimum devia 
tions from the target Sound in a given order. 

12. The method of one of claims 1-9 wherein the groups 
of loudspeakers are adjusted to minimum deviations from 
the target Sound according to a ranking by the deviations of 
the groups. 

13. The method of claim 12 wherein the groups of 
loudspeakers are ranked such that the group having the 
largest deviation is adjusted first. 

14. The method of claim 12 or 13 wherein the deviation 
is the integral amplitude difference between the assessed 
acoustical Sound signal and the target Sound over frequency. 

15. The method of claim 12 or 13 wherein the deviation 
is the maximum amplitude difference between the assessed 
acoustical Sound signal and the target Sound over frequency. 

16. The method of one of claims 1-15 wherein, after 
finishing the adjusting steps for at least two groups of 
loudspeakers, again the following steps are applied: 

sequentially supplying each group with the respective 
electrical sound signal; 

sequentially assessing the deviation of the acoustical 
Sound signal from the target Sound for each group of 
loudspeakers; and 

adjusting at least two groups of loudspeakers to a mini 
mum deviation from the target Sound by equalizing the 
respective electrical Sound signals supplied to said 
groups of loudspeakers. 

17. The method of one of claims 5-16 wherein at least two 
groups of loudspeakers have adjacent frequency ranges 
including a common cross over frequency, said method 
further comprising the step of adjusting said cross over 
frequency due to the respective assessments of the deviation 
of the acoustical sound signal from the target Sound for each 
group of loudspeakers. 
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18. The method of one of claims 1-17 wherein the 
assessment step includes receiving in a listening position the 
acoustical Sound signal from a certain group of loudspeak 
ers; said method further comprises the steps of assessing the 
deviation of the acoustical sound signal from the target 
Sound for each group of loudspeakers in at least two different 
listening positions. 

19. The method of claim 18 wherein the deviation of the 
acoustical sound signal from the target Sound for each group 
of loudspeakers is assessed at the at least two different 
listening positions. 

20. The method of claim 19 wherein the total assessment 
over all listening positions is derived from the assessments 
at the at least two different listening locations weighted with 
a location specific factor. 

21. The method of claim 20 wherein each location specific 
factor comprises an amplitude specific factor and a phase 
specific factor. 

22. The method of one of claims 1-21 wherein the step of 
assessing the deviation of the acoustical Sound signal from 
the target Sound for each group of loudspeakers includes 
picking up a two-channel acoustical signal, converting said 
acoustical signal into a two-channel electrical Sound signal, 
and calculating the derivations for each channel. 

23. The method of one of claims 1-22 further comprising 
the step of pre-equalizing all groups of loudspeakers by 
limiting the respective electrical Sound signals to given 
amplitude maximums and minimums over frequency before 
assessing the deviation of the acoustical Sound signal from 
the target Sound for each group of loudspeakers. 

24. The method of one of claims 1-23 wherein the step of 
adjusting at least two groups of loudspeakers to a minimum 
deviation from the target Sound by equalizing the respective 
electrical Sound signals Supplied to said groups of loud 
speakers includes limiting the amplitude change and/or 
phase change per frequency caused by said equalizing to a 
given value. 

25. The method of claim 24 wherein the target function is 
scaled such that the acoustical Sound signal upon limited 
equalization is able to meet the target function. 

26. The method of one of claims 1-25 wherein the 
acoustical Sound signal is picked up for processing the 
deviation from the target Sound by means of one micro 
phone. 

27. The method of one of claims 1-25 wherein the 
acoustical Sound signal is picked up for processing the 
deviation from the target Sound by means of at least two 
microphones. 

28. The method of claim 27 wherein two microphones are 
arranged in a dummy head. 

29. The method of one of claims 1-28 wherein first the 
phase for one or more of the low frequency loudspeakers is 
adapted to the target function and then the amplitude is 
adapted to the target function for all loudspeakers including 
weighting with an overall amplitude equalizing function for 
all positions. 

30. The method of one of claims 1-29 wherein the level 
over frequency of one position or the average level over 
frequency of all positions is taken as a reference wherein 
Subsequently the distance of each individual position from 
the target function is determined. 
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31. The method of claim 30 wherein the individual 
distances are added leading to a cost function which stands 
for the for the overall distance from said reference. 

32. The method of claim 31 wherein, in order to minimize 
the cost function, it is investigated what phase shift has what 
influence to the cost function. 

33. The method of one of claims 30-32 further including 
the steps of: 

determining a function representing the average level of 
all positions; 

inverting and weighting said function representing the 
average level function by a first factor; 

adding the inner distance weighted by a second factor 
being complementary to the first leading to a new inner 
distance which represents a modified cost function; and 

minimizing the modified cost function. 
34. The method of one of claims 1-33 wherein the phase 

shift per frequency change is restricted to a certain maxi 
mum phase shift, and 

for each Such restricted phase shift range the local mini 
mum is determined for each frequency which then 
serves as a new phase value in a phase equalization 
process. 

35. The method of one of claims 1-34 further comprising 
the steps of: 

determining the phase equalizing function for an indi 
vidual loudspeaker, 

Subsequently deriving a new reference signal through 
superposition of the old reference signal with the new 
phase equalized loudspeaker group. 

36. The method of claim 35 wherein the new reference 
signal serves as a reference for the next loudspeaker to be 
investigated. 

37. The method of claim 35 or 36 further comprising the 
steps of 

deriving a reference from the average amplitude over 
frequency of all positions under investigation; and 

adapting then said reference to a target function by means 
of an amplitude equalization function. 

38. The method of claim 37 wherein the target function is 
the same for all positions to be investigated. 

39. The method of claim 38 wherein the target function is 
the modified sum amplitude response of the auto equaliza 
tion algorithm that follows automatically its respective tar 
get function. 

40. The method of claim 39 further comprising the step of 
Subtracting the target function from the average amplitude 
response of all positions in order to derive a global equalizer 
function. 

41. The method of claim 40 wherein the global amplitude 
equalizing function is applied to all groups. 

42. The method of one of claims 1-41 the phase and/or 
amplitude equalizing is performed by minimal phase FIR 
filtering. 


